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A CALL FOR PAPERS 
To Members and Friends of the AES 


The annual Fall Convention, to be held October 10-13 at the Hotel 
New Yorker in New York City, is a professional meeting of increas- 
ing significance. 


New developments presented at this convention will receive world- 
wide attention. This country’s leadership in audio engineering will 
be accelerated by the interchange of information among leading 
audio engineers from laboratories of all sizes in this country and 
elsewhere. 


The Society urges you to present one or more papers on your recent 
work in the audio field. Your participation will be a valuable 
addition not only to this convention but to audio engineering 
generally. ) 


The Committee on Technical Papers suggests these general subject 
areas: Disc Recording and Reproducing ® Magnetic Tape Record- 
ing ® Loudspeakers and Systems ® Architectural Acoustics ® Artifi- 
cial Reverberation ® Stereophony ® Amplifiers © Standards of 
Measurement and Performance ® Electronic Musical Instruments ® 
Speech Analysis and Synthesis © Compression and Expansion ® Bio- 


acoustics © Psychoacoustical Engineering ® Other Audio Applica- 
tions. 


AUGUST 15 IS THE DEADLINE for the 60-word abstracts of papers 
to be included in the Fall Convention Program. Completed manu- 
scripts received by this date will be reproduced and available as 
preprints at the convention. Send abstracts and manuscripts to: 


Hermon H. Scott, Chairman 
Convention Committee, AES 
111 Powder Mill Road 
Maynard, Massachusetts 
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In recording with a standard ring head the output is a function of the bias amplitude. 
bias necessary for long wavelengths produces severe losses at very short wavelengths. Data are 
shown for these relationships, for 30 to 0.12 mil wavelengths. 


APRIL 1961, VOLUME 9, NUMBER 2 


The Effect of Bias Amplitude on Output 
at Very Short Wavelengths” 


Joun G. McKnicut 


Ampex Professional Products Company, Redwood City, California 


The 


INTRODUCTION 


\ pw following report describes measurements which were 
the beginning of a program to develop an adequate sys- 
tem for recording music at slow speed (e.g., 174 ips) to be 
used in home entertainment systems. The first step was to 
evaluate the “state of the art” of slow speed recording at the 
time, in order to define clearly what problems existed. 
One known problem with a standard ring head is that the 
bias current must be adjusted for maximum sensitivity at 
long recorded wavelengths to avoid excessive distortion at 


ee — 
1OOKC BIAS | 
OSCHLATOR | 
a 3 BIAS 
anno ADJUST 
ssencetaiateielia ti traet 3 T RECORD HEAD 
AUDIO 
CONSTANT CURRENT [ > 
a AMPLIFIER ' q 
RLS TR 3 10 OHM 
JAS 
AMPEX MODEL 351 annme 
MODIFIED ELECTRONICS powered 
RESISTOR vrven 
HP-400L 
REPRODUCE HEAD 
INTEGRATING AMPLIFIER FREQUENCY SELECTIVE 
: ) AMPEX MODEL 351 VOLIMETER 
MODIFIED ELECTRONICS (1/3 OCTAVE SPECTROMETER) 
BRUEL & KJAER 


Fic. 1. Test setup, block diagram. 


these long wavelengths (low frequencies). But this bias 
current is greater than that required at short wavelengths 
(high frequencies), and causes extreme losses (20 to 25 db 
at 0.12 mil, which is 16 ke at 1% ips). An “improved” 


* Presented October 13, 1960 at the Twelfth Annual Convention of 
the Audio Engineering Society, New York. 
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system would need to achieve the very desirable condition 
of being biased for maximum sensitivity at all wavelengths 
at the same time.! 

In the present study an optimum system having analytical 
rather than practical value was measured in order to define 
the problem quantitatively. Information on further studies 
of this problem and on practical solutions is not yet available 
for publication. 


EXPERIMENTAL METHOD 


The responses as here shown are those of an “ideal” sys- 
tem.* The heads were specially made for these measure- 
ments, but were not in any way unusual in basic construc- 
tion. A track width of 43 mils was used to minimize head 
azimuth alignment difficulties. The recording-head gap ma- 
terial was a one-half mil copper shim, and the reproducing- 
head gap material was 40-micro-inch evaporated silicon 
monoxide. Irish 211 tape, with an oxide thickness of ap- 
proximately 0.4 mil, was used. An Ampex 300 transport was 
modified to operate at 174 ips. Ampex 351 electronics were 
used, with standard 100 kc bias frequency. 

The attenuation of the recording/reproducing process at 
the very short wavelengths was so great that the high fre- 
quency cross-talk in the electronics, though negligible for 
ordinary recording, was of the same magnitude as the repro- 
duced signal; therefore separate units were used for record- 
ing and reproducing. The heads and electronics were cali- 
brated and adjusted (by the methods described in footnote 
1) to be +'% db, -1 db from 30 cps to 13 kc; and —3% db 
at 16 kc, which has been corrected for in the data shown 


1A solution for this problem is claimed by M. Camras, J. Soc. 
Motion Picture Television Engrs., 58, 61-66 (Jun 1952), which de- 
scribes his US Patent 2,628,285 granted Feb. 10, 1953. 

2 The “ideal” method uses constant recording current vs frequency, 
and a standard magnetic (differentiating) reproducing head followed 
by an integrating amplifier, with the recording and reproducing 
systems corrected for all deviations in frequency response as well as 
for reproducing gap length loss. This method is more fully de- 
scribed in J. G. McKnight, J. Audio Eng. Soc. 8, 146-153 (July 1960). 
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THE EFFECT OF BIAS AMPLITUDE ON OUTPUT AT VERY SHORT WAVELENGTHS 
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Fic. 2. Output vs bias current, 174 ips, frequencies at octaves from 
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62 cps to 16 ke: original data S = saturation output C = output 
for constant current signal input. Noise levels, in the one-third 
octave band at the stated frequency: E — equipment noise; D = 


bulk de-gaussed tape noise; B = biased tape noise. 


here. The reproducing gap length loss is negligible at the 
wavelengths used. 

Fig. 1 shows a block diagram of the test setup. Bias cur- 
rent was metered as a voltage across a resistor in series with 
the record head. Readings were taken in db; the reference 
current is 0 db = 5.5 ma. The use of a logarithmic (db) 
bias current scale (as opposed to a linear milliampere scale) 
facilitates the comparison of curves. 

A one-third octave spectrometer was used both to read 
noise and as a selective voltmeter to read signal outputs in 
order to avoid bias pickup and low frequency noise problems. 
The system, then, would reproduce while recording, saving 
the inconvenience of rewinding and reproducing separately. 

Bias current was chosen as the independent variable since 
the time delay from recording to reproducing at this slow 
speed is large, making it difficult to achieve desired ampli- 
tudes by adjusting the bias current; also, the instantaneous 
variations in amplitude (caused by irregularities in the tape, 


imperfect head to tape contact, etc.,) are considerable. 
These two problems make it impractical to control the out- 
put amplitude independently. 

The basic data are shown in Fig. 2 for output vs bias cur- 
rent, at frequencies an octave apart. Several outputs are 
shown: for curves C (constant current), the signal current 
in the head was maintained constant for all frequencies.* 
For curves S$ (saturation) the input current was increased 
until the output would not increase further. Data were also 
taken for three noise conditions, the noise in each case being 
in the one-third octave at the stated frequency: EZ, equip- 


* The signal current for constant current response was that which 
produced an output 17 db below saturation output (maximum out- 
put for any value of input current) at long wavelengths. This is 3 
db below the usually taken “operating level” (nominal 1% harmonic 
distortion) to reduce the possibility of saturation at shorter wave- 
lengths. 
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ment noise with the tape stopped; D, bulk de-gaussed tape 
noise; and B, biased tape noise. 


INTERPRETATION OF THE DATA* 


Fig. 2 shows a well known effect: the output, for inputs 
in the order of the usual operating level (C), increases 
with increase in bias current, reaches a peak, then de- 
creases. The saturation output S$ is a maximum with no 
bias; at medium and short wavelengths it decreases slightly 
at the bias point for maximum sensitivity of curve C, and 
then drops roughly parallel to the C curve. The three noise 
curves show that the equipment noise E is below the tape 
noise D or B; that the biased tape noise B is greater than 
the bulk de-gaussed noise D by several db; and that the 
noise is essentially the same (at any given frequency) for 
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-10 0 +10 
BIAS CURRENT, db 
Fic. 3. Output vs bias current. Curves C of Fig. 2 replotted with 
amplitudes of maximum output normalized to zero-db output, to 


show shift of bias current required for maximum output at shorter 
wavelengths. Wavelengths are shown in mil. 


any usable value of bias. Since the C curve for 16 kc is 
below the noise level at the zero-db bias current, the slope of 
the C curve was extrapolated to the crossing of the zero-db 
bias current axis. 


4 Note that the data in Fig. 2, and the interpretation here, are 
valid only for the particular values of record gap length, tape oxide 
thickness, and recorded wavelengths specified. The general trends 
would occur for different values, but the quantitative data would not 
apply. The observed effects will be described here, but no attempt 
will be made to explain the physical phenomena which cause them, 
as these analyses have been published. A simplified description is 
given by E. D. Daniel et al, J. Audio Eng. Soc., 5, 42-52 (Jan. 1957). 
Theoretical analyses have been published by E. D. Daniel Proc. IEE 
100, Part III, No. 65, 168-175 (May 1953); also E. D. Daniel and 
I. Levine, J. Acoust. Soc. Am., 32, 258-267 (Feb. 1960). 
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Certain other interesting properties may be shown by re- 
plotting these data. The bias current for maximum sensi- 
tivity is seen in Fig. 2 to be smaller for shorter wavelengths 
than for longer wavelengths. Fig. 3 shows an overlay of the 
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BIAS CURRENT, db 


Fic. 4. Output vs bias current. Curves C of Fig. 2 replotted with 
both amplitudes of maximum output and bias currents for maximum 
output, normalized to zero db to show sharpening of curves at 
shorter wavelengths. Wavelengths are shown in mil. 


C curves, normalized to have all their maximum responses 
fall on the zero-db axis. This clearly shows the shift in bias 
current for maximum output at each wavelength. Note that 
the bias current for maximum output is the same for all 
wavelengths down to 7.5 mil; at 3.75 mil there is a slight 
shift and at wavelengths shorter than 1.88 mil progressively 
lower currents are required for maximum sensitivity. The 
shift, for the conditions here, was approximately 1 db (10%) 
less bias for each halving of the wavelength. 

Another effect is that the output vs bias curve shows a 
distinct sharpening at shorter wavelengths. Fig. 4 shows 
a superimposition of the C curves of Fig. 2. this time with 
both the maximum responses and the bias currents for maxi- 
mum responses normalized to zero db. Note that the curves 
for 3.75 mil and longer wavelengths are almost identical; 
but for wavelengths shorter than 1.88 mil the curves become 
more and more sharp. This occurs not because the slopes 
of the curves are increased, but because they are brought 
closer together. The ultimate slope of all of the output vs 
bias curves, both below and above the maximum sensitivity 
point, is approximately 3 to 4. In practice, this means that 
when the operating bias point is chosen on this slope, the 
output level change (in db) will be 3 to 4 times the bias 
current change (in db). 1m 

The data of Fig. 2 may also be plotted as a frequency re- 
sponse (or wavelength response). This has been done in 
Fig. 5 for several assumed bias conditions. The bias which 
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WAVELENGTH, IN MILS 


Fic. 5. Unequalized (“ideal’’) response, saturation output, and noise 
in one third octaves, at 174 ips. A = biased at long wavelength; B 
= biased at each wavelength; C — biased at short wavelengths. 


must normally be used is that for maximum sensitivity at 
long wavelengths; less than this amount of bias current will 
result in excessive distortion at long wavelengths (low fre- 
quencies), and is unacceptable. The response for this con- 
dition is found by taking the output for zero-db bias at each 
frequency used for Fig. 2. This is shown in Fig. 5 as curves 
A. It would be desirable if the recording system were such 
that the maximum sensitivity at each wavelength were 
achieved with the same bias current. Curves B of Fig. 5 
show the response if the maximum sensitivity point for each 
wavelength could be used. For comparison, curves C of Fig. 
5 also show the response if the bias for maximum sensitivity 
at short wavelengths (—6 db bias in Fig. 2) were used. 

Fig. 5, then, shows the unequalized (“ideal”) response 
which is obtained for a practical “state of the art” system 
(curves A); by comparison, if the effect of over-biasing at 
short wavelengths could be eliminated, the response of curves 
B would be achieved—an improvement of 5 db at 0.47 mil 


(4 kc, 1% ips); of 10 db at 0.24 mil (8 kc), and of 20 db 
at 0.12 mil (16 kc). 

A little speculation may be interesting at this point. Gold- 
mark et al.® have described a system for operation at 17% 
ips, incorporating “radical improvements . . . (in) tape, re- 
cording system and playback head.” They show the pre- 
and post-emphasis used. If we make the assumption that 
this equalization achieves flat over-all response and that the 
frequency losses® and reproducing gap loss are negligible, 
then we may arrive at their unequalized (“ideal”) response; 
this is shown in Fig. 6, curve A. For comparison, Fig. 6, 
curve B shows again the “ideal” response for a “state of the 


5 P. C. Goldmark, C. D. Mee, J. D. Goodell and W. P. Gucken- 
burg, 1960 IRE International Convention Record, Part 7, 116-126 
(March 1960). 


6 J. G. McKnight, op. cit. 
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Fic. 6. Unequalized (“ideal”) response of two 176 ips systems: 
A = calculated from equalization data given by Goldmark for 
“radically improved” system; B — “state of the art’’ system biased 


< 


at short wavelengths (from Fig. 5 curve C) 


art”’ system which has been biased at short wavelengths 
(from Fig. 5, curve C). The coincidence of these two re- 
sponses is interesting; whether it is significant or purely 
casual is unknown, as we have had to make several assump- 
tions which could be grossly in error. 
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Tape Duplicating Systems For Talking Book Program* 


S. HIMMELSTEIN 


S. Himmelstein and Company, Chicago, Illinois 


The requirements for an efficient, high speed duplicating system for the Talking Book Program 
are defined. Consideration is given to production of intermediate and duplicating masters as well 
as the final listener tape. Equalization and the problem of recording and reproducing high speed 
index material are also discussed. It is shown that standard equipments, with minor modifications, 
can be used to handle the foreseeable Talking Book requirements for the next twenty-year period. 


F THE many advantages which can be realized by con- 
version from a disc to a magnetic tape talking Book 
system, two are sufficiently outstanding in themselves to 


* Presented October 13, 1960 at the Twelfth Annual Convention of 
the Audio Engineering Society, New York. 


justify such a program. They are: improved service to the 
reader by virtue of increased numbers of titles available on 
shorter “request-delivery” cycles, and a significant reduc- 
tion in required library shelf space. 

These advantages can only be realized if an effective, 
economical duplicating system is available to produce lis- 
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TAPE DUPLICATING SYSTEMS FOR TALKING BOOK PROGRAM 


tener and duplicating master tapes from original recordings. 
Therefore, in evaluating any tape duplicating system pro- 
posed for this application it is necessary to establish perform- 
ance criteria based on improved “service standards” in these 
two important areas. In this connection, a reasonable goal 
is a duplicating system with enough capacity to handle a 
five-fold increase in titles (from approximately 250 to 1250 
per year) and a doubling of readership—about twenty years’ 
growth at the present annual rate. Ideally, the system 
should use a building block concept so that, as the need 
arises, expansion can be accomplished without equipment 
obsolescence. 

The recording of high-quality, original voice masters and 
subsequent duplication of the intermediate masters and fi- 
nally the listener tapes is, of course, considerably simpler 
than the similar processes for high quality music recordings. 
This is because a voice recording when compared to a music 
recording: 

(1) can have a lower signal-to-noise ratio—a result of the 
fact that the total dynamic range of voice is consider- 
ably smaller than that of music; 

(2) has less tendency to overload at short wavelengths 
where record pre-emphasis is greatest—a result of the 
distribution of energy in the voice spectrum; 

(3) can contain considerably more wow and flutter—a re- 
sult of the absence of sustained tones in normal speech; 

(4) requires narrower bandpass. 


Excellent tone quality can be achieved with a bandpass of 
80 to 5300 cps, a signal-to-noise ratio of 35 db and wow and 
flutter of 0.4%. It is possible to design a conservative sys- 
tem exceeding these requirements, having a reasonable safety 
margin and a listener tape speed of 17 ips, using existing 
high production recording media, magnetic heads, high speed 
duplicating transports and electronics. 


Specifically, we plan to use components of the Ampex 
Series 3300 Tape Duplicating System or equivalents with 
modifications restricted to changes in component intercon- 
nections and, in some cases, changes of plug-in components. 

A complete description of these 4-track duplicators by Mr. 
R. A. Isberg' has appeared in the April 1960 issue of the 
Journal of the Audio Engineering Society. The following 
characteristics, most of which are abstracted from that re- 
port, are pertinent here. 


Tape Speeds: (a) for the duplicating master reproducer, 
120 and 60 ips; (b) for the slave units, 60, 30, and 15 ips. 
All machines can be equipped to handle 7 in. plastic reels, or 
14 in. NAB reels of % in. wide tape. The upper limit of 
system passband is 120 kc. The shortest wavelength that 
can be resolved is between 500 and 600 yin. and is, of course, 
dependent on media characteristics. 


The duplicating system design requirements can be best 
appreciated by considering the three fundamental steps in 
the duplicating process; that is, the production of the origi- 
nal recording, the production of the duplication master, and 
the production of the listener tape. 


1R. A. Isberg, J. Audio Eng. Soc., 8, 105-110 (1960). 
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PRODUCTION OF LISTENER TAPES 


Fig. 1 is a block diagram of a field duplication system. 
Eventually, there may be one such field duplicator for each 
participating library and a total of approximately thirty in 
operation. The duplicating master reproducer will accept 
4-track library master tape and play it at high speed, while 
simultaneously providing head current to the 4-track dupli- 
cating slave recorders which produce the listener tapes. It 
is anticipated that bulk erasure will be used when re-using 
a previously recorded tape. 


f max = 96 KC 


OUTPUT: 
RECORDER 
| ve301s. f-m4 TRACK LISTENER 
fmox 96 KC TAPE 
Ammne32 5y 1/4" WIDE * 1800" 
INPUT: DUPLICATING moe LONG 
4 TRACK LIBRARY MASTER po... Por a oo fe 
V/2" WIDE X 3600" LONG a j SLAVE | REEL DIAMETER 7° 
----e1 ys P }—_——o»4 
RECORDED AT 334 IPS awe L-sIRECORDER | 
‘ 


REEL DIAMETER 104," Amin= 625y hoes en ctsicen J 
INCHES 
| (heaters 7 
Slave | 
RECORDER ! 
cine cas 
Fic. 1. Field duplication system. 


The listener tape is 1800 ft long, is wound on a standard 
7 in. plastic reel and has a playing speed of 17% ips. Infor- 
mation is recorded consecutively on each track. Tracks 1 
and 3 are recorded in the forward direction and Tracks 2 
and 4 in the reverse direction. With the exception of the 
tape speed and the consecutive single track recording, the 
format is identical to that presently being used in the indus- 
try for 4-track stereo tapes. 

In order to eliminate awkward handling procedures it is 
necessary that the library master be recorded on a single 
reel of tape. Thus it follows that the speed ratio between 
these two machines must be either two to one (for 10% in.- 
diameter library master reels) or four to one (for 14 in.- 
diameter library master reels), the lower speed being used 
for the slave unit. Since satisfactory performance can be 
obtained with 334 ips intermediate and library masters and 
because considerable handling and storage advantages accrue 
from the use of smaller reels, 334 ips has been chosen as the 
master tape speed. 

The highest frequency present in the library master is the 
6 ke control signal. It follows, then, that the maximum 
speed-up ratio the present system can handle is 20 times. 
The closest machine ratio is 16 times, which yields a dupli- 
cating master reproducer speed of 60 ips. The shortest 
wavelength that must be resolved is 625 yin., which is ac- 
ceptable. 

At these speeds, one or more 12-hour listener tapes can 
be produced in a single 12-minute pass. Allowing two min- 
utes for rewinding, etc., a 14-minute production cycle ap- 
pears reasonable. Applying the criteria discussed earlier to 
the Philadelphia Library, which has the largest readership 
and now requires 25 copies per title, an ultimate field dupli- 
cator should be capable of producing 50 copies of 1250 titles 
on a yearly basis. 1250 titles per year is about 5 titles per 
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working day (on a 5-day week basis). Using a 14-minute 
production cycle, one duplicating master reproducer and 
one slave has about one-third greater capacity than present 
requirements. The addition of 7 more slave recorders, or a 
total of 8, will make the system capable of the “ultimate” 
requirements defined above. Thus, with the exception of 
equalization networks, a field duplicating system can be con- 
structed using available equipment. The necessary changes 
can be accomplished quite easily. 


PRODUCTION OF LIBRARY MASTER TAPES 


Fig. 2 is a block diagram of a central processing system. 
Its inputs are edited original master recordings. Its output 
will be 30 library masters per title. The original recordings 
will be, with some infrequent exceptions, % or full track (a 
must for editing purposes) 4 in. tapes with the proposed 
7% ips NAB equalization which is in common use. This 
equalization is entirely adequate for the service under dis- 
cussion, is compatible wtih the considerable inventory of 
masters made for present disc recordings, and is suitable for 
use by active volunteer groups who use consumer machines 
for special recordings. 


LIBRARY INTERMEDIATE 
MASTER MASTER 
QuTPuT RECORDER REPRODUCER 
4 TRACK LIBRARY MASTER <--— pe 60 ra ‘ alae «il +---9 
v2" WIDE X 3600° LONG max « 96 Ki max : 
RECORDED AT 334 IPS nae Se NmINCNES i 
REEL DIAMETER 10/2 ' 
' 
' 
1 INTERMEDIAT! 
aeur waster a MASTER : 
FULL ORI/2 TRACK EDITED | REPRODUCER FILTER | | RECORDER i 
ORIGINAL __p] V=120 IPS || ¥= 60 IPS i 
1/4" WIDE X 1200'-3600 fmax= 88 KC ™| fc=88 KCI") ¢ max= 96 KC — ; 
LONG heies (36 fo096 KC] |xmin=625p, | OUTPUT= INPUT--~~ 
RECORDED AT 72 |PS MILS INCHES }»4 TRACK INTERMEDIATE 
REEL DIAMETERS 7 r MASTER 
OR 1042 | \/2" WIDE X 3600" LONG 


RECORDED AT 354 /PS 
REEL DIAMETER 10'%" 


EOT, READY 


Fic. 2. Central processing system. 


Assuming only minor deletions in the editing process, the 
edited originals will come in multiples of 1200 or 1800 ft 
lengths (depending upon tape backing thickness) and can 
be wound on either 7 in., 10% in., or 14 in. diameter reels. 
Let us take the most difficult case from the point of handling, 
i.e., a 12-hour book which consists of twenty-four 1200 ft 
7 in. diameter original master reels recorded at 71% ips. 
These reels must be converted into an intermediate master 
recording which consists of one reel with 4 tracks on 3600 
ft of tape. Since an “ultimate” system must be capable of 
handling 5 titles per day on an 8-hour-day basis, a mini- 
mum over-all speed-up ratio of 7.5:1 must be available in 
production of intermediate masters—assuming an average 
book length of 12 hours. This speed-up can be accomplished 
by operating the original master reproducers at eight times 
the original master speed (60 ips) or using eight master 
reproducer/intermediate master recorder systems. The for- 
mer possibility is the most desirable. In fact, using an argu- 
ment similar to that for obtaining the maximum permissible 


duplicating master speed, we find that a speed-up ratio of 
16 times is possible without exceeding bandwidth or wave- 
length limitations of available equipment. Thus, the origi- 
nal master reproducer can safely operate at 120 ips and the 
intermediate master recorder at 60 ips. Resultant maximum 
playback and record frequencies and minimum wavelengths 
are indicated in Fig. 2. 

Under these circumstances, it will require two minutes to 
reproduce each original master and 12 minutes to record 
each of the intermediate master tape tracks. Allowing 2 
minutes for master rewinding, reloading, and intermediate 
master reel inversion when necessary yields a total prepara- 
tion cycle of 96 minutes, which corresponds to the time 
available for the “ultimate” system. 

When running at 60 ips the intermediate master recorder’s 
stop distance is 10 in. or less. This corresponds to a dead 
period of less than 3 sec on the final listener tape and is 
considered acceptable. Fig. 2 shows a low pass filter be- 
tween the original master reproducer and the intermediate 
master recorder. It has a cutoff frequency of 88 kc and a 
frequency of maximum attenuation of 96 kc, corresponding 
to 5.5 ke and 6 kc in the original recording. It is used to 
preclude the possibility that signals recorded on the original 
master will interfere with the 6 kc control circuit. 

The 6 kc control signal is introduced after this filter at 
the intermediate master recorder, where it corresponds to a 
96 ke signal. The original master reproducer and interme- 
diate master recorders may be equipped with end-of-tape 
and beginning-of-tape sensors to accurately define end of 
record etc. In this case a simple automatic programmer 
can be used to eliminate continuous monitoring of the op- 
eration. 

The intermediate master is used to duplicate library mas- 
ter tapes on a one-to-one ratio at 60 ips. This results in 
compliance with upper frequency and minimum wavelength 
limitations of existing equipment. For a 30-library system, 
producing the load described as an ultimate goal, one inter- 
mediate master reproducer and four library master recorders 
are required. For the present Talking Book output, only 
one library master recorder is required. 


SKIM MODE 


The skim mode of operation permits a listener to scan the 
listener tapes at 16 times (30 ips) normal listening speed for 
indexing purposes. Such a function, if it is to be useful for 
dictionary and reference material contained on a 4-track, 12- 
hour record, must be recorded continually or at least peri- 
odically on each track. Since the information is to be re- 
corded on the listener tape at 16 times normal wavelengths, 
recorded indexes, comments, etc., will be heard during nor- 
mal listening as background rumble (all frequencies shifted 
down four octaves). Furthermore, when in “skim” mode, 
normal program material will be heard as squeal (all fre- 
quencies shifted up four octaves). There are several possi- 
ble schemes to limit these objectionable characteristics. The 
simplest involve recorded keying tones that can be used to 
“enable” and “disable” high speed electronic gates which, 
in turn, can be used to delete most of the background sounds. 
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Fic. 3. Equalization characteristics at 17¢ ips. 


Obviously, if the skim speed recording is to be duplicated 
efficiently it must be spliced, during the editing process, into 
the original master tapes. This means that, because of the 
fuur-to-one wavelength reduction inherent in the duplication 
process, skim material must be recorded at a speed of 120 ips 
or four times the final listener playback speed. Unfortu- 
nately, the longest wavelength that can be satisfactorily re- 
solved by the duplicating system we propose to use is about 
0.5 in. This means that the lowest frequency appearing on 
listener tape for skim material is about 250 cps, which is 
undesirable from the users’ standpoint. 

All of these problems can be overcome without resorting 
to auxiliary tracks which change the tape format and would 
require substantial modifications in existing duplicating 
equipments. The simplest technique is to amplitude-modu- 
late a carrier with the indexing signals, taking care to pro- 
vide complete wavelength (and therefore frequency) separa- 
tion between these and the “normal” signals. 


The highest frequency present during normal playback is 
6 kc, which corresponds to a 96 kc record frequency and 675 
xin. wavelength for the intermediate master. Thus if, at this 
point, the skim signals can be confined to the band from 
100 ke to 120 kc, with corresponding wavelengths of 600 yin. 
and 500 pin., complete isolation can be accomplished. Using 
the wavelengths established above, it is feasible to record 
skim information at 120 ips with a carrier frequency of 105 
kc and maximum modulating frequency of 5 kc. The re- 
corded wavelengths on the listener tape lie, then, between 
300 and 272 yin., those on the library and intermediate mas- 
ter between 600 and 544 yin., and on the original master 
between 1.2 and 1.09 mil. 

Under these conditions the situation on playback is as 
follows: At skim speed, the carrier and sidebands will be 
demodulated and used to drive the speaker; the normally 
recorded signals all fall outside the passband of the de- 
modulator. At normal record speed, the skim signals occupy 
the frequency band from 6.25 to 6.88 kc and can be readily 
separated from the normal voice band which ends at 5.5 kc. 

Three precautions must be observed in applying this sys- 


tem. First, because of the short wavelengths, it may be 
necessary to replace the heads on the intermediate and dupli- 
cating master reproducers. Second, the low pass filter of 
Fig. 2 must be changed to a band rejection filter. Third, 
the 110 ke response required of the listener machine when 
operated at 30 ips requires special heads and electronics. 

Of the several indexing methods possible, the one most 
satisfactory from a listener point of view is the one using 
modulation because: 

(1) it preserves all information frequencies; 

(2) makes possible the complete elimination of back- 
ground sounds during both skim and normal modes; 
and 
most significant of all, permits—because frequency 
multiplexing is possible—the use of the entire record 
length for indexing material without sacrificing any 
of the normal record period. 

The final decision on the exact indexing method should be 
made after conducting statistically meaningful listener tests. 
In any event, it is evident that the duplication system dis- 
cussed above is compatible with a properly designed index- 
ing method utilizing fast skim. 
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EQUALIZATION 


Fig. 3 shows the Talking Book machine equalization char- 
acteristics. The unequalized head response (Curve C) rep- 
resents the tape-head-bias compromise selected for the Talk- 
ing Book program. The record-playback head has a gap 
length of approximately 100 yin.; the tape is type B-150 
manufactured by the Minnesota Mining and Manufacturing 
Company. The playback chain, defined by Curve A, has 
120 psec equalization. Curve B shows the required induc- 
tion for flat response, given the Curve A playback chain. 
Curve B-D defines the record amplifier necessary for flat 
response given the unequalized tape-head response defined 
by Curve C. Curve E is the actual record amplifier response, 
and Curve F the over-all record-playback response of the 
Talking Book machine. This curve is flat within 1 db from 
50 to 4000 cps and flat within +3 db from 38 to 5,500 cps. 
For the sake of clarity, a slight deviation in over-all re- 
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Fic. 4. Equalization characteristics at 17% ips. 
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sponse which occurs in the region from 450 cps to 1.2 ke 
has been omitted from the curve. 

No attempt has been made to extend the flat region of 
the over-all response in either direction. At the low end 
no significant improvement in perceptible response is possi- 
ble. At the high end we have elected to allow response to 
fall off in order to reduce any tendency for recording signals 
on the listener machine, which might interfere with the 6 kc 
control signal. It should be noted that a tape recorded with 
the induction defined by Curve B will be played back on 
this machine within +'% db of flat response in the band 


from 30 cps to 6 ke. 
TATION vs CQUALIZATION 
ros: LAYBACK CHAIN | 
( RECORE UALIZATION 


1ON 


: SH) 

4 ~=+-+--+- + 4-E ESR — or a So 
« 4 — 

5 eae awe as 

s =e _— 

b 

a 


Fic. 5. Response curves at 334 ips. 


The 334 ips tape speed is used to provide a link between 
the Magna-Book and existing consumer machines, most of 
which have a 334 ips operating speed. As a result, although 
it is possible to record at this speed, no attempt has been 
made to eliminate the 3 db peaking in the over-all response 
(Curve F of Fig. 4) which occurs at 2% ke. This peaking 
results from the fact that we have elected to use the 120 psec 
playback equalization without the rather complicated record 
response (Curve B-D) needed to produce flat response. In 
this connection, it is interesting to note that a 50 usec NAB 
equalization would require much simpler record emphasis 
at 334 ips. Curve F shows the over-all machine record play- 
back characteristic at 334 ips. It is flat, within +3 db, 
from about 48 cps to above 10,000 cps. If a tape recorded 
at 334 ips with 120 psec induction is played back on the 
machine, flat response will result. 

Since the 334 ips speed is provided as a link between a 
Talking Book machine and other existing machines, we 
should consider what happens when tapes prepared at 334 
ips with other than 120 psec equalization are played back 
on this machine. Fig. 5 contains the over-all response char- 
acteristics for tapes prepared with 100 psec (CCIR), 200 
psec and 300 psec record equalization and played back on 
this machine. They are self-explanatory and need no com- 
ment except, perhaps, to point out that there is no question 
of the intelligibility of a tape prepared with any of these 
inductions and played back on the Magna-Book. 

The record equalization for the slave recorders (Fig. 5), 
of course, must be 120 yusec to produce a listener tape for 
optimum playback on such a machine. Although 4-track 
tapes are presently being produced for 334 inch playback 
with 120 psec equalization on slaves operating at 30 ips (the 
same speed we propose to use), the pre-emphasis networks 
now being used are not appropriate for producing Talking 


Book tapes because the wavelengths are different. However, 
since the short wavelength record and playback losses and 
high frequency head losses have already been established 
and the equalization networks are adjustable, it is a rela- 
tively simple matter to convert them for the proposed Talk- 
ing Book standard. Because we propose to use 7'% ips 
NAB equalization for the original masters and then reduce 
the wavelengths in half for the duplicating master, similar 
changes must be made in the equalization of the balance of 
the system. Here again, since we have not exceeded the 
frequency or wavelength limitations of heads or electronics, 
and since component responses and losses are known, chang- 
ing the equalization networks is relatively simple. 


CONCLUSION 


In summary, no state-of-the-art advancements nor exten- 
sive design or production engineering a.e required for media, 
heads, transports, or electronics to construct a high speed 
tape duplicating system capable of efficiently producing 
enough Talking Book listener tapes to satisfy foreseeable 
requirements for the next ten to twenty years. Nonetheless, 
it would be unreasonable and imprudent to launch a full- 
scale conversion from discs to tape without a limited scale, 
controlled field trial. Such a trial will permit realistic evalu- 
ation of many unknown quantities such as listener reaction 
to machine controls and optional features like recorded in- 
dexes, determine any deficiencies in casette design, particu- 
larly from the viewpoint of mailing and handling, and opti- 
mize reduplicating procedures and schedules. 
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Visible Magnetic Recordings” 


W. P. GuckKENBURG AND C. D. MEE 


CBS Laboratories, Stamford, Connecticut 


The technique currently used for making the surface pattern visible on a recorded tape is 
reviewed. Use is made of the technique to investigate the field configuration around a recording 
gap. Some indication of the field direction is also obtained. The recording field has been 
studied under conditions which produce interference response of an underbiased recording and 


evidence of some relationship is given. 


INTRODUCTION 


IHE RECENTLY published paper' on a system for mag- 
netic recording and playback of audio signals at 17% ips 
describes briefly some of the recording limitations encoun- 
tered. Mention was made of the possibility of reducing 
recording losses by a special head design and the example of 
the simple ring head was quoted by way of illustration. It 
was indicated that a high ratio of longitudinal to vertical 
field decrement is obtained when the recording gap length is 
large compared to the tape thickness. Coupling this feature 
with a relatively low bias amplitude to minimize high fre- 
quency recording losses has been considered an optimum 
compromise for slow speed audio recording. However, there 
is a danger with this approach that the frequency response 
will no longer be smooth but will contain a succession of 
minima. This phenomenon has been reported in several 
places,?~> but attention is drawn to it again to highlight the 
danger of its occurrence in present short wavelength record- 
ing techniques. 
Visible patterns of magnetic recordings have been obtained 
which illustrate the magnetic field configurations around a 


* Presented October 13, 1960 at the Twelfth Annual Convention of 
the Audio Engineering Society, New York. 

1P. C. Goldmark, C. D. Mee, J. D. Goodell, and W. P. Guckenburg, 
“A 17% ips Magnetic Recording System for Stereophonic Music,” 
IRE International Convention Record, Part 7, 116-126 (1960). 

2P. E. Axon, “An Investigation Into the Mechanism of Magnetic- 
Tape Recording,” Proc. IEE, 99, Part III, No. 59, 109-126 (May 
1952). 

3G. Schwantke, “Der Aufsprechvorgang beim Magnettonverfahren 
in Preisach-Darstellung,” Frequenz, 12, 383-394 (1958). 

40. Schmidbauer, “Beitrag zur Analyse des Aufsprechvorganges 
beim HF-Magnetofon,” Funk und Ton, 8, 341-360 (July 1954). 

5H. Nottebohm, “Das Feld des Sprechkopfes von Magnettongerae- 
ten,” Elektronische Rundschau, 10, 306-307, 335-337 (1956). 


head gap. They are presented in this paper to lend support 
to existing theories for the cause of such minima in the re- 
cording response. 


RECORDING FREQUENCY RESPONSE 


The unequalized replay signal for constant current record- 
ing is shown in Fig. 1. The upper smooth curve shows the 
response for a bias giving maximum output at low frequen- 
cies and the lower curves correspond to successively lower 
bias values. The minima in the response are clearly seen to 
be more evident as the bias is reduced, and their effect on 


db 
40 
30 « its. 
> 
3” 7 
+ T + —F + +—+ 
20 50 100 200 400 600 800 1000 2000 3000 4000 


FREQUENCY IN CPS 
Tape: Oriented acicular particles 
Record gap length: |. 73 mil 
Tape speed: |-7/8 ips 


Fic. 1. Effect of bias level on frequency response. 


the response is even noticeable when optimum bias is used 
for the high frequencies. The curves in Fig. 1 are for a 
longitudinally oriented acicular particle tape. Fig. 2 shows 
the response curves for a spherical particle tape, for which 
the minima are more pronounced. 


107 


S 
2 


he 


Pan 


+o 
Bee May heh 


"a 
a 
Se 
on 
ae 
ee 
| ee a py e 
eer i’ 
ai 
=a 
id ‘te + 
a- ae 
Bs ee 
k- va 
Ki ae 
maT es a ° 
Ls | r 
of = 5 
% Hs. Mt yi 
he ee ee 
S, em 
g- ee 
Bs 
pe 
“on 
n- Bk 
: im * 
la, he 
ed a £ ic. 3 
ty 7 
ng Ry ' 
ale a 
eo 
SS, ha x 
ill- Po. 
P| bent! 
le, ms y 
oe 
lu- ee” 
ion an 
in- a F 
rue ee ‘ea 
Iti- ar 
cae 
m: ‘a 
a x 
ie . 
7 Ue 
ae 
Cs 
pe 
ete 
a 
ag 
oa 7 
4 ee 
eg 
‘a ‘ 
Sad 
e 
ee 
a. 
. ee 
a 
We 
—_—- aro 
oa 
a 
SA 
a 
|_| 


108 


» —_t > 
yy 


200 400-600 800 1000 2000 3000 4000 
FREQUENCY IN CPS 


OUTPUT 


2 50 100 


Tape: Spherical Particles 
Record gap length: |. 73 mil 
Tape speed: |-7/8 ips 


Fic. 2. Effect of bias level on frequency response. 


RECORDING FIELD DISTRIBUTION 
Visible Pattern Technique 


An attempt has been made to study the recording field 
distribution occurring during under-biased conditions using 
the visible pattern techniques previously described.** The 
pictures shown have been obtained by allowing colloidal 
magnetite particles to settle on a recorded tape; a small con- 
stant vertical field was used to align the particles, thus in- 
hibiting their settlement on surface poles having the same 
sign as their own adjacent poles. In this way settlement 
only occurs on alternate half-wavelengths and the consequent 
reduction in the number of particle lines increases the visibil- 
ity of the pattern. 


Results 


It is assumed that a measure of the recording ability of a 
bias field can be obtained by studying its erasing capability. 
A pre-recorded tape having a wavelength of 0.4 mil (4700 
cps) was placed on the record head and a bias signal applied. 
The bias values used correspond to those used for Fig. 1. 
The amount and extent of the erasure by the record-head 
bias signal is observed by making the remaining recording 
visible with colloidal magnetite as described. Fig. 3a shows 
such a recording after erasure by a 4 ma bias current, cor- 
responding to the upper curve in Fig. 1. From the width of 
the erased patch it is observed that the gap field capable of 
erasure is of similar length as the physical recording gap 
length. It can also be seen that the whole area between the 
gap edge limits is erased. It is conversely assumed that, in 


6 W. P. Guckenburg, “The Process of the Magnetization of Mag- 
netic Tape,” J. Soc. Motion Picture Television Engrs., 65, 69-72 (Feb. 
1956). ’ 

7 C. D. Mee, “Magnetic Tape for Data Recording,” Proc. IEE, 
105B, No. 22, 373-382 (July 1958). 
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this condition, the whole gap length is capable of recording. 
However, when the bias field used for erasure is reduced to 
3 ma (second curve, Fig. 1), the point where minima first 
appear in the frequency response, it is seen that the erasing 
field does not erase the recording in the center of the gap 
(Fig. 3b). It is tempting to assume a direct connection 
between the appearance of minima in the frequency response 
and the appearance of a non-erased zone in the center of the 
gap. Recording can take place in the two erased zones 
around the gap edges and can aid or oppose, depending on 
the ratio of the signal wavelength to the distance between 
the zones. The validity of this explanation will be discussed 
in more detail later. 


It was felt that a better understanding of the cause of 
interference under these recording conditions could be ob- 
tained through more detailed knowledge of the field direc- 
tion and the corresponding magnetization in the gap region. 
The erasing technique was again used to illustrate these 
effects. In this case the erasure at the end of the gap was 
observed, thus allowing the contour of the erased portion 
extending beyond the gap width to be seen. Fig. 4a and 4b 
show the contours in two orthogonal directions for a spheri- 
cal particle tape, where the gap length is respectively parallel 
and perpendicular to the longitudinal tape direction. 


As depicted in the sketches shown in Figs. 4a and 4b, the 
demagnetized area contour is flat-topped and is similar for 
the two directions. It can be seen that this contour occurs 
when the erasing distance from the pole pieces is about half 
the gap length. At smaller relative distances from the gap a 
double curve will occur. 


fu : 


Fic. 3. Erasure of prerecorded tape by bias. Record gap length = 
1.73 mil. a. Bias optimum for long wavelengths. b. Bias optimum for 
short wavelengths. 


Calculations of the gap field distribution show that the 
field at the gap edges has a maximum vertical component 
while that at the gap center has a maximum horizontal com- 
ponent. The flat-topped curves of Figs. 4a and 4b can be 
looked on as a combination of the two components. If the 
tape is anisotropic in its magnetization sensitivity, one or the 
other component may be accentuated. For instance, for a 
tape consisting of longitudinally oriented acicular particles 
the gap fields have a single hump or a double hump as shown 
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VISIBLE MAGNETIC RECORDINGS 


in Figs. 5a and 5b respectively, depending only on the par- 
ticle orientation direction. The drawings in Figs. 5a and 5b 
illustrate the directions of the tape particles for the two 


Fic. 4. Gap edge erasure contour, spherical particle tape. a. Gap 
length parallel to longitudinal tape direction. b. Gap length perpen- 
dicular to longitudinal tape direction. 


pictures. It can be seen that the erased area of Fig. 5a 
approximately equals the field contour of the horizontal com- 
ponent of the gap field, and that the one of Fig. 5b is some- 
what like the vertical equal field contour. This is due to the 
different magnetization sensitivities parallel and perpen- 


Fic. 5. Gap edge erasure contour, acicular particle tape. a. Gap 
length parallel to longitudinal tape direction. b. Gap length perpen- 
dicular to longitudinal tape direction. 
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dicular to the orientation direction of the particles. The 
extent of this anisotropy can be seen from Figs. 6a and 6b, 
where erasure in two directions is shown superimposed for 
spherical particle tape (Fig. 6a) and for an oriented acicular 
particle tape (Fig. 6b). For each tape the erasing current 
used was just sufficient to start erasure in the transverse 
(perpendicular to recording) direction. In the longitudinal 
direction a similar erasure is obtained with the spherical 
particle tape but complete erasure with the acicular particle 
tape. It was found that the iongitudinal sensitivity to era- 
sure is double the transverse sensitivity for the acicular 
particle tape. Thus it is expected that since the acicular 
particle tape has a relatively low sensitivity to the vertical 
field component it will have a correspondingly reduced inter- 
ference effect due to double recording by the vertical field 


Fic. 6. Anisotropy of gap erasure. a. Spherical particle tape. b. 
Oriented acicular particle tape. 


component. Experimental support is given in Figs. 1 and 2, 
where the spherical particle tape shows deeper interference 
minima than the acicular particle tape. 


CONCLUSION 


Summarizing the results, it has been shown that the occur- 
rence of minima in the recording frequency response on 
reducing the bias amplitude below optimum for long wave- 
lengths is accompanied by the appearance of an amplitude 
minimum in the centre of the gap region. This minimum 
corresponds to a reduction of the field below that required 
for full tape magnetization. It has also been shown that the 
field minimum is more pronounced for the vertical field com- 
ponent, and that tapes with a high vertical field sensitivity 
exhibit a somewhat sharper minimum in the recording fre- 
quency response curve. Thus, it is concluded that the double 
maxima in the field distribution of a recording head may 
possibly contribute to the interference minima in the fre- 
quency response curve. Another contribution to this effect, 
caused by periodic minima in the signal amplitude during 
the traverse time across the recording gap, has also been 
described.* Effects such as the change of field direction 


8 P. E. Axon, op. cit. 
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experienced during the passage of a tape across the record- 
ing gap and the field contour at the trailing edge of the gap __ the visible pattern technique described is useful in illustrat- 
will have to be considered quantitatively in any detailed 


explanation of the minima in the recording response. Thus 


ing rather than solving such a problem. 
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Some Aspects of Wear and Calibration of Test Records” 


Rocer ANDERSON 


Shure Brothers, Inc., Evanston, Illinois 


This paper reports the results of an experimental investigation concerning the wear occasioned 
by the initial playing of a test record at various needle forces, using a technique which permits 
measurements prior to the “first” playing. In addition, the application of Buchmann-Meyer light 
patterns to the velocity calibration of stereo test records is discussed. 


INTRODUCTION 


Most TESTS imposed on phonograph systems involve 

the use of a test record; measurements of frequency 
response, channel separation, tracking ability, rumble, tran- 
sient response—all of these begin with a test record. It is a 
foregone conclusion, then, that the selection, calibration, and 
maintenance of appropriate records is of great concern. 
This paper will describe the technique employed at Shure 
Brothers in the calibration of test records by Buchmann- 
Meyer light patterns, and observations concerning the wear 
or “erasure” exerted at high frequencies by various stylus 
forces. 


LIGHT PATTERN CALIBRATION 


Ever since the work of Buchmann and Meyer in 1930," 
the light pattern from a frequency test record has been an 
attractive means of calibration, especially since it does not 
involve the playback process. The calibration involves the 
use of the equations: 


V = rnb (vertical or lateral) 
V = (anb/V 2) (45° — 45° stereo) 


where V is the peak velocity in cm/sec, m represents the 
number of revolutions per second, and 0 is the width of the 
light pattern in cm. Fig. 1 shows the usual setup of equip- 


* Presented October 13, 1960 at the Twelfth Annual Convention of 
the Audio Engineering Society, New York. 
1G. Buchmann and E. Meyer, Elek. Nachr. Tech., 7, 147 (1930). 


ment involved. The main disadvantages of the process have 
been that (1) the patterns formed by reflection from the 
inner and outer groove walls are, in general, not equal; (2) 
the edge of the pattern becomes diffuse at high frequencies; 
(3) pronounced interference patterns are generated at short 
wave lengths; and (4) the application of this calibration 
means to stereo records has introduced a further difficulty 
since left channel modulation gives only an inner groove 
pattern, and right channel modulation produces an outer 
groove pattern. 

Various investigators** have derived expressions to ac- 
count for the inequality of the inside and outside groove 
wall patterns, when viewed from short distances. In prac- 
tice, since the “proximity” effect tends to make the outside 
groove wall pattern larger and the inside groove wall pat- 
tern smaller, the two widths may be combined‘ to determine 
the “true” pattern width. This procedure has yielded satis- 
factory results in calibrating lateral and vertical cut record- 
ings. In the case of a 45° stereo recording, however, only 
one pattern is available, and careful measurement of various 
angles and distances is needed to accomplish the calibration. 

In view of the foregoing, our approach has followed the 
“brute force” technique, making the distance between ob- 
server and record large, and the incident and refiected beam 


2B. B. Bauer, J. Acoust. Soc. Am., 18, 387-395 (1946). 

3 British Patent Application No. 2102, 1951. P. E. Axon and W. K. E. 
Geddes, “Method and Apparatus for Ascertaining the Amplitude of 
Signal Frequency Bands on Disk Records.” 


4B. B. Bauer, op. cit. 
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Fic. 1. Usual arrangement for light pattern measurements. 


perpendicular to the groove wall. This causes the correc- 
tions to become very small. Under these conditions, the 
inner and outer patterns become identical and consequently 
the calibration of the record may be worked out from either 
light pattern. A diagram of the present method and results 
obtained on a monaural record is shown in Figs. 2 and 3. 

Having established the equality of the two sides of the 
pattern on a lateral cut record, the way is now clear to cali- 
brate a stereo record from its one pattern per channel. 

The process begins by photographing a metric scale to 
establish the measuring means to which the ensuing photo- 
graphs of the light pattern reflection may be referred. Photo- 
graphs are made through a deep blue filter on the camera. 


Fic. 2. Typical results from arrangement as in Fig. 1. Note in- 
equality of pattern widths. 


ROGER ANDERSON 


We have found the B-line technique evolved by B. B. 
Bauer® to be a convenient method for establishing the width 


Fic. 3. Arrangement of apparatus to obtain equal pattern width. 


of the high frequency bands. Briefly, this method uses the 
interference patterns generated by short wavelengths as a 
means to determine the “true” width of the pattern. It is 
necessary to distinguish between two sets of interference lines 
—one set regularly spaced and dependent upon recorded 
wavelength (A lines), and the other irregularly spaced and 
dependent upon velocity (B lines). After the pattern has 
been photographed, the distance between the extreme B-line 
of each band and the next one in order toward the center of 
the pattern is laid off toward the edge of the pattern. This 
point is used as the “true” edge of the pattern. This pro- 
cedure is performed on each band of the record. The width 
may then be measured using the photograph of the metric 
scale. 


Fic. 4. Light pattern from monaural record using arrangement of 
Fig. 3. 


Photographs made on the Westrex 1A test record are 
shown in Fig. 4. It is interesting to note that a small pat- 
tern is visible on the “wrong” side photograph due to re- 
corded crosstalk. The corresponding calibration is shown in 
Fig. 5. Results obtained on the RCA 12-5-71 record are 
displayed in the next two illustrations, Figs. 6 and 7. 

In both of these calibrations, it is interesting to note the 
small and uniform decline in high frequency response. This 
effect has been noted in all playback responses run on these 
records. 


5B. B. Bauer, J. Acoust. Soc. Am., 27, 586-594 (May 1955). 


V 


112 
“ (Y be 
= WZ = (S 
u —, => ( A, 
C y CS) aS | 
(tu 0" _ | 
= # ” 4Z .  % A, 
> . Y 
' 
a 
i wv ] 
v ph 
| sid 
eee 
' 
: 
on > - 
ju 
24 
| ; 
P 
ex 
ne 
| eee es Oe 
tte Hy, a a 
: Pris Be Pa a a Te ae ae “ab ahs ethy f 
| 2st by EI lees antllis cabme 3 
. ford : Bh Re: ai! . ee 6 es ee Wf a === 
| aes Te lly ae 
ol 
| ; re Way 
x . Wise, & 4 aN a a vane pe pa ; fos 1 ee ae ge Ss Ae : : , i . : 
SS ear ars i "i 3 ; 
; | i 2 oe Da 4 ‘ : ig ” % es J ’ : ‘ 
ao ee eee Se 
i. eam | ae 
i: See tame ; a \ 
4 eit, a za T / ; 
' \ ul as 5 aan V! 
' i et ‘ if 
: i Ni eo ee ee eh aR eg 
Te ee ee 
Se Oe so ee ae P 
: an oS gig tite thes aia P 
< So aa eee Ee: » 
ris: in ae o Be i ry : an oe * = 
ER . ’ 


eo Fume HY mH TF 


na => 


7 
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Fic. 5. Light pattern photographs of Westrex 1A test record. Upper 
photographs from left side of record; lower photographs from right 
side. 


Equipment notes: In the actual setup of the equipment, a 
movie projector was used as a light source, a rotary milling 
table as a record support (allowing easy and accurate ad- 
justment of incidence angle), and a telescope made from a 
24” focal length aerial camera lens and a x10 microscope 
eyepiece in conjunction with a 4 <5 press camera and 
Polaroid sheet film adapter. Using a Wratten C5 filter, 
exposure times were approximately 10 minutes. It is a 
necessity to have all the parts held rigidly to obtain clear 
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WESTREX IA TEST RECORD 
Fic. 6. Light pattern calibration of Westrex 1A test record. 


pictures. The use of the Polaroid attachment is very con- 
venient since results may be inspected almost immediately. 


HIGH FREQUENCY WEAR 


An experiment which has been performed many times is 
to plot successive response curves, starting with a new rec- 


ord, and noting the changes which occur. A typical result 
is shown in Fig. 8, measured on the RCA 12-5-49 record 
with RIAA equalization applied. 

Here, the decrease in high frequency response due to pro- 
gressive wear on an experimental laboratory pickup at 1- 
gram needleforce is contrasted to the wear resulting from a 
standard M3D cartridge at the extreme needleforce of 9 
grams. The experimental pickup is a modified M21 car- 
tridge having a compliance of 25 « 10° cm/dyne and an 
equivalent mass of 1.0 milligram. The standard M3D car- 
tridge has a compliance of 4.5 « 10° cm/dyne, and an 
equivalent mass of 2.0 milligrams. The observed wear from 
20 playings varies from effectively zero for the modified 
M21 to about 5 db for the M3D, due to the differences in 
compliance, equivalent mass and, to a large extent, needle- 
force. Curves of this type have long been used as a measure 
of record wear. 


Fic. 7. Light pattern photographs of RCA 12-5-71 stereo test rec- 
ord. The left pattern is from the left side of the record, the right 
pattern from the right side. 


However well these curves may express the record wear re- 
sulting from progressive playings, they cannot express the 
difference between the condition of the new record and its 
condition after the first playing. Our experience has been 
that the first playing, especially at high needleforce, accom- 
plishes a large part of the wear observed after 20 plays. 
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To assess the damage resulting from the first playing, we 
utilize the experimental laboratory pickup, which occasions 
no detectable wear. The new record is played on the light- 
weight pickup, then on the test pickup, and then on the 
lightweight pickup again. These results are shown in Fig. 
9. It is noteworthy to observe that the first play at 9 grams 
has worn off 1.5 db. This illustrates the misleading results 
that may accrue from measuring different types of pickups 
on the same record. 
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Fic. 9. Change in frequency response due to record wear under 
indicated conditions on RCA 12-5-49 test record. 


In Fig. 10, we have repeated the above procedure at a 
variety of needleforces. In addition to the two pickups 
mentioned, we have added for contrast an early stereo 
ceramic cartridge whose compliance is about 0.85 « 10° 
cm/dyne and whose equivalent mass is about 8 milligrams. 
In general, wear drops rapidly as needleforce is reduced— 
limited, of course, by the compliance and tracking ability of 
the cartridge. It is interesting to note the difference in wear 
between the extremes of cartridge construction at the same 
needleforce (see Fig. 11). 
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Fic. 10. Change in frequency response due to record wear under 
indicated conditions on the same record. 
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Fic. 11. Change in frequency response due to record wear by vari- 
ous cartridges at indicated needleforces on the same record. 


Many more variations of the above technique will imme- 
diately suggest themselves—the number of candidate car- 
tridges alone is legion—but at least, another aspect of the 
problem is available for consideration, especially to the care- 
ful audiophile who just loaned his records to a “friend” with 
a $29.95 hi-fi phonograph! 
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Reproduction Distortion—lIts Measurement and 
Influence on Stereo Phonograph Cartridge Design* 


PHILIP KANTROWITZ 


Sonotone Corporation, Elmsford, New Vork 


Measurements of total harmonic distortion reveal the influence of pinch-effect upon monophonic 
reproduction by stereo systems. Methods of reducing pinch distortion and the influence of this 
factor on stereo phonograph cartridge design are discussed. 

Measurements of intermodulation distortion contribute to the establishment of important design 
requirements for minimum reproduction distortion and impose recording limitations. 


INTRODUCTION 


HE ideal stereo phonograph cartridge should have the 

ability to reproduce music or speech faithfully over the 
entire audio spectrum. For the cartridge to play back with- 
out objectionable distortion, three requirements must be 
met. First, sensitivity to pinch distortion must be minimized. 
Second, the cartridge output must be a linear function of 
stylus velocity (or amplitude). Finally, the cartridge must 
have a sufficiently low mechanical impedance at the stylus, 
symmetrical for all directions of drive, to avoid distortion 
due to mistracking at low vertical stylus forces. The fol- 
lowing discussion will be concerned with the first two re- 
quirements and is based on the assumption that proper 
tracking has been achieved. 

There are two methods for measuring distortion. In the 
harmonic method, a single sinusoidal signal is applied to the 
cartridge under test. The output is then observed for fre- 
quency components which are integral multiples of the input 
signal. In the intermodulation method, two sinusoidal sig- 
nals are applied. The distortion is determined from the 
amplitudes of the output components which are not har- 
monically related to either of the input signals. 


PINCH DISTORTION 


An undesirable verticai motion of the spherical reproducing 
stylus tip is generated upon playback of lateral recordings 


ee 


* Presented October 13, 1960 at the Twelfth Annual Convention of 
the Avdio Engineering Society, New York. 


because a relatively flat face stylus is used in the recording 
process. This motion, called pinch effect, has been described 
in the literature.“ The width of the resultant groove, meas- 
ured normal to the groove center-line, varies and is widest 
at minimum velocity points and narrowest at maximum 
velocity points. This variation in groove width causes the 
reproducing stylus to rise and fall as it traces the groove. 
Thus, the presence of lateral motion plus vertical pinch mo- 
tion causes the output of a stereo reproducer to contain a 
total signal equivalent to fundamentals plus second order 
harmonic distortion terms. 


PINCH AMPLITUDE 


The following expression for the pinch amplitude, A,, was 
derived by Fleming’: 


A,= (rV;7) [(4V 2) Va") = [0.357 (azw)*] (2V_"), (1) 


where V; = linear groove velocity, r = stylus radius, VV; = 
peak lateral velocity = » a, a, — lateral motion amplitude, 
and » = lateral modulation frequency. 

Since the pinch motion occurs at twice the lateral fre- 
quency it follows that the peak vertical velocity, Vy.,:, is 
given by Ver: = 2 w Ap. 

Therefore, Ap = Veert/2 o. 


1L. Fleming, J. Acoust. Soc. Am., 12, 366 (1941). 

20. Kornei, J. Soc. Motion Picture Engrs., 37, 569 (1941). 

3F. G. Miller, Acoustics Res. Lab., Harvard University, Technical 
Memorandum No. 20 (1950). 
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As is evident from the preceding formulas, the pinch effect 
becomes greater at high frequencies, especially when the 
recorded velocity is high and the linear groove velocity low. 


METHODS OF REDUCING PINCH EFFECT 


Pinch-effect amplitude is directly proportional to stylus 
radius, so that a reduction in stylus size would reduce pinch. 
This solution, however, is only practical if the vertical stylus 
force required can also be lowered. Present day record 
changers and record groove parameters preclude any altera- 
tion of this factor. 

A reduction in the lateral recording level will reduce the 
pinch amplitude by the square of the change. However, 
recording amplitudes are based on pre-stereo techniques de- 
veloped for maximum signal to noise ratio without particular 
concern for pinch distortion. This factor should be consid- 
ered when setting recording levels: excessive levels must be 
avoided in order to keep pinch distortion at a minimum. 
Also, an increase in a,, the lateral motion amplitude, is not 
desirable. 

An increase in the linear groove velocity will also reduce 
pinch amplitude. However, as it would necessitate changes 
in record speeds or sizes, this is hardly a practical solution. 
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Fic. 1. Total harmonic distortion vs stylus size for a typical 
Sonotone 9T Stereo Phonograph Cartridge when reproducing a Cook 
10 LP test record. 


DISTORTION MEASUREMENTS AND PINCH EFFECT 


Listening tests indicate that total harmonic distortion is 
discernible at values between 7 and 10%. This is in agree- 
ment with results found by Terman and Pettit.‘ These au- 
thors state that 10% harmonic distortion is objectionable for 
the range from 400 to 4000 cps in which the ear is most 
sensitive. Little value can be obtained from total harmonic 
distortion measurements at fundamental frequencies higher 
than one-half the upper frequency limit of the system. Since 
our main concern is with second order harmonic distortion 


4F. E. Terman and J. M. Pettit, Electronic Measurements (Mc- 
Graw Hill Publishing Company, Inc., New York, 1952), p. 341. 
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Fic. 2. Total harmonic distortion vs stylus size for a typical 
Sonotone 9T Stereo Phonograph Cartridge when reproducing a Cook 
10 LP test record. 


terms for a 15 kc system, fundamentals beyond 8 kc need not 
be considered. Stereo cartridges are designed so that the 
signals caused by vertical motion in each channel are out of 
phase. Therefore, second order harmonic distortion caused 
by vertical pinch motion will be cancelled if the stereo chan- 
nels are connected in parallel. Figs. 1 and 2 compare the 
total harmonic distortion of a stereo phonograph cartridge 
for single and parallel channel operation using 0.5, 0.7 and 
1.0 mil radius styli. It can be seen that a reduction in stylus 
radius results in a reduction in the total harmonic distortion; 
this is in agreement with the pinch effect formula (Eq. 1). 
In addition, the total harmonic distortion is considerably re- 
duced when the stereo channels are connected in parallel. 
Total harmonic distortion in many stereo cartridges has been 
reduced by 2) to 3 times as a result of paralleling. 

Fig. 3 shows the total harmonic distortion for an experi- 
mental monophonic cartridge with performance similar to 
that of the cartridge used for Figs. 1 and 2. Comparing the 
two cartridges we find that the tota! distortion is higher with 
either channel of the stereo cartridge. It can be seen from 
Figs. 2 and 3 that the distortion levei fur the paralleled 
stereo cartridge is within 25% of that for the monophonic 
one. Over the frequency range to 8 kc, the latter cartridge 
has 20 db less vertical sensitivity. There is a similar reduc- 
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Fic. 3. Total harmonic distortion for an experimental monophonic 
cartridge with a 0.7 mil stylus when reproducing the Cook 10 LP 
test record. . 


tion of vertical sensitivity for the original cartridge when 
channels are paralleled. The above indicates that consider- 
able pinch distortion exists in stereo reproductions from 
discs. 
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Fic. 4. Comparison of vertical frequency response of experimental 
and standard Sonotone 9T Phonograph Cartridges re RIAA. 


INFLUENCE ON STEREO CARTRIDGE DESIGN 


Reduction of pinch distortion in monophonic cartridges 
has been achieved by decreasing stylus stiffness in the verti- 
cal direction or by some other construction modification 
aimed at reducing vertical sensitivity. In stereo cartridge 
design, however, it is necessary for faithful reproduction 
that the frequency response in all directions of drive be the 
same, and this is not always easily achievable at high fre- 
quencies. The vertical response at high frequencies deter- 
mines the amount of pinch distortion reproduced by the 
stereo cartridge. As an example of this effect, let us examine 
a particular experimental cartridge. This cartridge has a 
6 db peak at 15 ke in vertical response re RIAA, as shown 
in Fig. 4. The output of the corresponding standard car- 
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Fic. 5. Total harmonic distortion when reproducing the Cook 10 
LP test record. 


tridge is found to be at a more desirable level. Let us com- 
pare the total harmonic distortion of each channel of these 
two units when lateral signals are reproduced. As shown in 
Fig. 5, the total distortion is twice as great for the experi- 
mental unit, which has precisely 6 db or twice the vertical 
output at 15 kc, It is quite clear that excessive high fre- 
quency vertical response results in excessive pinch distortion. 
Thus, if the stereo reproduction requirement of equal output 
for all directions of stylus motion is satisfied, a marginal 
amount of pinch distortion is unavoidable. 


Lateral, vertical and stereo performance re RIAA for a 
typical cartridge is shown in Fig. 6. This performance is 
certainly adequate; yet, pinch distortion for this cartridge 
is as high as 10%. Measurements of many cartridges (both 
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Fic. 6. Frequency response re RIAA characteristic of a typical 
Sonotone 9T Stero Phonograph Cartridge. 


magnetic and ceramic) reveal the same order of pinch dis- 
tortion. In a few stereo cartridges, pinch distortion ap- 
proaches 20 to 30% at 5 to 8 kc. 

Many changer applications require a vertical stylus force 
of 7 grams. As the stylus size is determined by the desired 
tracking force, the smallest stylus in these cases should be 
at least 0.6 mil. Also, recording velocities are fixed. As a 
result, reducing pinch distortion by modifying the cartridge 
design without compromising frequency response is not pos- 
sible at this time. 


INTERMODULATION MEASUREMENTS AS A 
MEASURE OF LINEARITY 


Measurement of intermodulation distortion by the SMPTE 
method is necessary to evaluate non-linear distortion at low 
frequencies. The SMPTE method** consists of test signals 
composed of one high and one low frequency which have 
been combined into a linear network. The low frequency 
signal is 12 db greater than the high frequency signal. The 
combined signal is applied to the device under test, and the 
modulation of the high frequency by the low one in the out- 
put signal is observed. To indicate the degree of non- 
linearity, the magnitude of the modulation envelope is 
compared to the magnitude of the original high-frequency 
portion of the test signal and expressed as a percentage. 
The RCA 12-5-39, 78 RPM, 12 inch Monophonic Inter- 


5S. J. Aagard, IRE Trans. on Audio, Au-6, 121 (November-De- 
cember, 1958). 


© A. Peterson, 1957 IRE National Convention Record, 5, Part 7, 
51 (1957). 
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modulation Test Record was used as a source for checking 
stereo cartridges. The peak velocity of the 400 cps signal 
level varies in eight approximately logarithmic steps from 
4.3 to 27 cm/sec, permitting investigation of these recording 
levels. 

Mr. H. E. Roys in his article on intermodulation distor- 
tion in phonograph cartridges’ stated that “listening tests 
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Fic. 7. Intermodulation distortion (SMPTE) vs peak velocity at 


various vertical stylus forces for a typical Sonotone 9T Stereo Phono- 
graph Cartridge. 


over a wide range system, by persons accustomed to hearing 
direct studio programs, have indicated that 10% intermodu- 
lation as based upon test frequencies of 400 and 4000 cycles 
is a good practical acceptance limit.” Listening tests carried 
out with different cartridges corroborate this statement. A 
comparison of intermodulation distortion percentages for 
different cartridges, all operating at the same vertical stylus 
force and at high levels of recorded velocity, indicates that 
intermodulation distortion generally decreases as cartridge 
compliance increases. There is a velocity level below which 
distortion for a cartridge is a minimum and does not charge 
with vertical stylus force. Fig. 7 shows the intermodula- 
tion distortion measured by the SMPTE method for the 
Sonotone 9T cartridge. Fig. 8 compares the distortion for 
two different cartridges of this type with lateral compli- 
ances of 3.5 and 1.8 * 10° cm/dyne at a vertical stylus 
force of 4 grams. A vertical stylus force of 4 grams was 
chosen for this comparison because it is associated with an 
intermodulation distortion of less than 10% at 20 cm/sec. 
This would indicate that a vertical stylus force of 4 grams 
should be satisfactory for this cartridge, provided recording 
levels at 400 cps do not exceed 20 cm/sec. As shown in 
Fig. 8, the cartridge with the lower compliance has consid- 
erably more distortion beyond 10 cm/sec. As a measure of 
distortion in the record reproduction process, the SMPTE 
method is satisfactory for the evaluation of low frequency 
tracking ability and linearity with large amplitude excur- 
sions. As was shown previously, a vertical stylus force of 
4 grams would allow a reduction of the stylus radius and 


7H. E. Roys, RCA Review, 10, 254 (1949). 


s 
4.0 Gas STYLUS FORCE 
- COMPLIANCE = 1.8 x 107° 
Cia/DYNE 
r) 
3 
—- 2 
5 4.0 GRAMS STYLUS FORCE 
5 / COMPLIANCE = 3.5 = 10-6 
2 1s 
a / 4 
= 10 f 
8 7 
fs VA 
° 


4.3 5.5 6.9 3.7 11.3 143 12.9 226 D1 
PEAK VELOCITY OF 400 CYCLE SIGNAL - 
Fic. 8. Intermodulation distortion (SMPTE) vs peak velocity for 


a Sonotone 9T Stereo Phonograph Cartridge with a no:mal com- 
pliance and for an experimental 9T with reduced compliarze. 


oM/SEC. 


thus of pinch distortion without objectionable intermodula- 
tion distortion. 


NECESSITY FOR OTHER DISTORTION 
MEASUREMENTS 


Listening tests using a variety of stereo cartridges indi- 
cated that although the cartridges chosen had similar fre- 
quency response the sound of high-frequency musical pas- 
sages varied. Thus, it would be desirable to measure high 
frequency non-linear distortion, a factor correlated with lis- 
tening dissimilarities. Non-linear distortion near the upper 
frequency limit of the system may be obtained by measure- 
ment of intermodulation distortion by the CCIF or differ- 
ence frequency method.** 


*OBJECTIONABLE* 

“4 
is 
8 
a a 
4 
* 10 \ 
z 
i} 
cB 
Fe *TOLERABLE* 
wn 
2 6 
o q 0 aan 
g 

4 ON. ccmimcins 

~ 

2 Ss 
| +. = 
2 | Sal “PERCEPTIBLE” 
8 o 


3 a 5 6 7891012 15 


FUNDAMENTAL FREQUENCY - KC. 


Fic. 9. Audible distortion as a function of frequency (according to 
Olson) .8.9 


DISTORTION TOLERABLE AT HIGH FREQUENCIES 


A search was made to determine how much distortion at 
high frequencies could be tolerated by the listener in music 


8H. F. Olson, J. Audio Eng. Soc., 6, 82 (1958). 


9W. A. Van Bergeyk, J. R. Pierce, and E. E. David, Jr., Waves and 
the Ear (Doubleday and Co., New York, 1960), p. 202. 
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REPRODUCTION DISTORTION—ITS MEASUREMENT AND INFLUENCE ON STEREO PHONOGRAPH CARTRIDGE DESIGN 


and speech. This information was felt to be necessary for 
a true evaluation of the CCIF method. Dr. Harry F. Olson 
and his colleagues at RCA reported the results of several 
experiments performed to clear up this point.*® The lis- 
teners’ judgments were found to depend on the frequency 
band of the system. The report concluded that 2.5% is 
objectionable if the cut-off frequency is 15 kc, while about 
five times that amount is still non-objectionable when the 
cut-off is 3750 cps (Fig. 9). 

Terman and Pettit* report that according to the CCIF 
method of measuring non-linear distortion 4% is objection- 
able in the 400 cps to 4 ke region. If this is extended to Dr. 
Olson’s 15 ke limit, then at the latter frequency approxi- 
mately 1% should be found objectionable by the CCIF 
method. 


The degree of tolerance to distortion depends on the na- 
ture of the distortion as well as on its quantity. In general, 
the safest solution, of course, is to keep non-linear distor- 
tion at a minimum. 


NOTE #1 
AT I5KC, DISTORTION FIGURES 
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LATERAL: 28% 
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STEREO OPERATION: 16% 
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5S cM/SEC. 
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Fic. 10. Distortion measurements by the CCIF method for the 
Sonotone 8T Stereo Phonograph Cartridge. 


INTERMODULATION DISTORTION MEASUREMENTS 
BY THE CCIF METHOD 


An experimental test record for use with the CCIF method 
was made up. The CCIF or difference frequency method re- 
quires the measurement of the 440 cps difference signal pro- 
duced by the non-linear reproduction of two equal recorded 
signal levels whose frequencies differ by 440 cps. The dis- 
tortion is equal to the magnitude of the difference signal 
divided by the magnitude of the recorded signals. This 
allows an evaluation of second order distortion. Results of 
measurements by this method are shown in Figs. 10 and 11. 
The distortion percentages given are, of course, for the over- 
all non-linear distortion produced by the complete record 
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reproduction system. The dimension of the burnishing 
facet of the recording stylus as well as its mechanical angle 
will also influence the high frequency non-linear distortion 
obtained upon playback. In addition, the radius of curva- 
ture greater than that of the reproducing stylus, the trans- 
lation loss of the cartridge, and the mechanical stylus im- 
pedance of the cartridge will also affect high frequency 
non-linear distortion. 

Fig. 10 shows non-linear distortion for a stereo cartridge 
with a vertical stylus force of 7 grams. This cartridge has a 
band-width of 10 ke and an effective mass of 12 « 10% 
grams. Beyond 9 kc the monophonic non-linear distortion 
increases very rapidly. At 15 ke this distortion becomes 
28% for a recorded peak velocity level of 8 cm/sec. When 
the stereo channels are paralleled for monophonic playvack, 


8 LATERAL PEAK VELOCITY: 
8 CM/SEC. 

7 STEREO PEAK VELOCITY: 
5 Cw/SEC. 


NOTE: STEREO PEAK VELOCITY 
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‘ 
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Fic. 11. Distortion measurements by the CCIF method for the 
Sonotone 9T Stereo Phonograph Cartridge. 


however, there is a 5-fold reduction of the non-linear dis- 
tortion at 8 kc. This is further evidence that pinch distor- 
tion has been reduced. For stereo operation, the non-linear 
distortion with this cartridge is 15% for a recorded peak 
velocity level of 1.8 cm/sec. 


Fig. 11 shows the distortion for a stereo cartridge with a 
vertical stylus force of 4 grams, a band-width of 15 ke and 
an effective mass of 4.5 X 10% grams. Beyond 11 kc the 
monophonic non-linear distortion increases for this cartridge 
also. At 15 kc, this distortion is 8%, which means that the 
distortion is 312 times lower than for the previous cartridge. 
Parallel channel operation for lateral playback results in a 
234-fold reduction in distortion at 4 kc. For stereo opera- 
tion, the non-linear distortion is only 3.5% at 15 kc; this 
represents a 414-fold reduction in distortion as compared to 
the previous cartridge. The purpose of this comparison is 
only to indicate the reduction in distortion resulting when 
quality is improved. Correlation with other cartridges (mag- 
netic and ceramic) using the same experimental test record 
shows a non-linear distortion beyond 9 kc of 2 to 10% for 
high quality stereo cartridges and of 10 to 50% for poorer 
quality cartridges. 
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CONCLUSIONS 


1. The presence of appreciable pinch distortion in stereo 
reproduction is currently unavoidable because stylus size 
and recording levels are set by factors not controlled by the 
cartridge designer. 

2. Vertical high-frequency performance for a stereo car- 
tridge should not exceed the desired level in order to keep 
pinch distortion to a minimum. 

3. Non-linear distortion exists in stereo reproduction from 
discs. 

a. The SMPTE method provides a measurement of non- 
linearity at low frequencies for large excursions. 

b. The harmonic method provides an analysis of pinch dis- 
tortion and non-linearity at frequencies to 8 kc. 

c. Only the CCIF method provides a measurement of non- 
linear distortion near the upper frequency limit of the 
system. 
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The Design of Low-Noise Transistor Audio Amplifiers” 


James W. HALLIGAN 


Philco Corporation, Lansdale Division, Lansdale, Pennsylvania 


This paper describes the effect of various amplifier parameters on noise figure, and points out 
the proper use of any freedom in the selection of these parameters so as to minimize amplifier noise 
figure. The discussion, applicable to either wide-band or narrow-band amplifiers, includes the effect 
of operating point, biasing circuitry, optimum source resistance, and the selection of the transistor 
itself. The use of feedback to obtain desired input impedance and gain characteristics without 


degrading noise figure is described. 


PURPOSE 


N DESIGNING a transistor audio amplifier, the designer 
is initially confronted with the problem of arbitrarily 
selecting one or more circuit parameters. The values of the 


remaining circuit parameters may then be calculated so as 
to produce an amplifier having the required characteristics. 
For example, in designing a Class A common-emitter ampli- 
fier which is to provide a specified gain when operated from 
a specified supply voltage, the designer may readily deter- 
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THE DESIGN OF LOW-NOISE TRANSISTOR AUDIO AMPLIFIERS 
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Fic. 1. (a) Approximate equivalent circuit of a transistor contain- 
ing noise sources. (b) Approximate equivalent circuit of a noiseless 
transistor. 


mine the value of the load resistor required to produce the 
desired gain. If the transistor operating point is now chosen 
by the designer, the remaining circuit elements, such as bias 
resistors, may be calculated so as to maintain the transistor 
at the operating point selected without affecting the gain of 
the amplifier. 

In this example, the circuit designer was free to arbitrarily 
choose the transistor operating point at any intersection of 
the load line with the transistor characteristics. In a more 
practical situation, however, the designer must utilize this 
freedom of choice to optimize any of several other quantities 
such as linearity, stability, or noise figure. 

It is the purpose of this paper to describe the effect of the 
various amplifier parameters on the noise figure, and to point 
out the proper use of any freedom in the selection of these 
parameters so as to minimize the amplifier noise figure. 


CIRCUIT REPRESENTATION OF A NOISY 
TRANSISTOR AMPLIFIER 


The noise figure of an amplifier is a measure of the de- 
crease in the signal-to-noise ratio in passing information 
through the amplifier. In general, the noise performance of 
a device is rated by comparing the noise-power outputs of 
the actual device and its noise-free equivalent at a specified 
frequency and a specified operating point. The noise figure, 
F, of an amplifier is defined as the ratio of the total noise- 
power output of the actual amplifier to the noise-power out- 
put of an equivalent noise-free amplifier. Thus the noise 
figure of an amplifier may be calculated from an analysis of 
the equivalent circuit of the amplifier. 
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Fig. 1 shows (a) the approximate equivalent circuit of 
a transistor containing sources of noise, and (b) the equiva- 
lent circuit of a noiseless transistor. In (a), the voltage 
generator ¢, represents the thermal noise introduced by the 
base spreading resistance r,’, and the current generators i,, 
and i,, represent the shot noise introduced by the passage of 
charge carriers across the emitter and collector junctions 
respectively. The emitter junction shows full shot noise so 
that the value of i,,. is approximately Y (2q/,Af). At audio 
frequencies, the value of i,, is the equivalent shot noise 
current of the dc collector current reduced by a factor of 
(1—ao) (1 + fo/f). The quantity (1-9) results from the 
fact that the equivalent current generators i,, and i, are 
partially correlated. The frequency parameter f,/f is intro- 
duced to account for the inverse frequency dependence of the 
noise figure at low frequencies, as shown in Fig. 2. At low 
frequencies, the excess (1/f) noise, so named because it ap- 
pears in addition to the shot noise, is predominant, and it 
decreases asymptotically at a rate of 3 db per octave increase 
of frequency. At frequencies appreciably greater than fo, 
the shot and thermal noise is predominant and is essentially 
constant with frequency. Thus f is the frequency where the 
magnitude of the excess noise equals that of the shot and 
thermal noise. This frequency has been experimentally de- 
termined to be of the order of 1000 cps for typical audio 
transistors. 


NOISE FIGURE, db 
ra) 


T 
fo LOG f 


Fic. 2. Low frequency noise figure versus logarithm of frequency. 


The complete amplifier contains, in addition to the tran- 
sistor, the elements shown in Fig. 3. Here, R; represents 
the total external shunt resistance from the input terminal 
to ground, exclusive of the source resistance R,. Re repre- 
sents the total external resistance from the common terminal 
to ground, and R,, represents the load resistance from output 
terminal to ground. Each of these resistive elements con- 
tributes thermal noise in the amplifier circuit. 

The noise figure of each of the three possible connections 
of the transistor as an amplifier may be calculated by com- 
bining the equivalent circuits of Figs. 1 and 3. Since the 
noise figure, as defined, is independent of the load resistance, 
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Fic. 3. Equivalent circuit of a transistor amplifier containing noise 
sources. 


the most convenient method of calculating the noise figure 
is to short-circuit the output terminals and compare the 
mean square short-circuit output currents of the actual am- 
plifier and of its noise-free equivalent. The resulting expres- 
sions for the noise figures of the three configurations are 
shown in Fig. 4. The common-base and common-emitter 
noise figures (1) are identical and are seen to depend on 
both R, and R2. The common-collector noise figure (2) is 
slightly different, and is independent of Ro. 

Equations (1) and (2) are expressions for the overall am- 
plifier noise figure. However, if R; is made much greater 
than R, and R» is made much less than R,, then (1) and (2) 
are functions of the transistor parameters and R, only. If 
these conditions are satisfied, (1) and (2) express the noise 
figure of the transistor alone. To distinguish between quan- 
tities which refer to the complete amplifier and those which 
refer to the transistor alone, primed quantities will hereafter 
be used when referring to the amplifier. 
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Fic. 4. Expressions for amplifier noise figure. 


The noise figure of the transistor alone has a minimum 
value, F,,, when operated from the optimum value of source 
resistance, R,,,,. Expressions for this optimum source resist- 
ance and the resulting minimum noise figure are shown in 
Fig. 5 for the various configurations. 
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If the values of R; and R» are such that they may not be 
neglected, the optimum value of source resistance, R’,,,, for 
which the amplifier noise figure has its minimum value, F’,,, 
is a function of R; and Ry. The relationship between the 
optimum amplifier source resistance and the optimum tran- 
sistor source resistance is shown in Fig. 6. This relationship 
is most conveniently shown in normalized form as a function 
of R, and Ry. For small values of R, or large values of Ro, 
the optimum amplifier source resistance R’,,, approaches 
R, or Ro, respectively. 

Fig. 7 shows the change in the ratio of minimum ampli- 
fier noise figure, F’,,, to minimum transistor noise figure, F,,, 
with the variation of R,; and Rs. For a finite value of R, 
or a non-zero value of Ro, the minimum amplifier noise figure 
is always greater than the minimum transistor noise figure. 
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Fic. 5. Optimum source resistance and minimum noise figure of a 
transistor. 


ANALYSIS OF NOISE FIGURE EXPRESSIONS FOR COMMON- 
BASE AND COMMON-EMITTER CIRCUITS 


Fig. 8 shows the expressions previously developed for the 
common-base and common-emitter circuits. Equations (1), 
(3), and (4) show the amplifier noise figure F’, the optimum 
source resistance of the transistor alone, R,,,, and the mini- 
mum transistor noise figure, F,,. The effect of variations in 
the amplifier parameters on noise figure can be determined 
from these expressions. 
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Fic. 6. Optimum suorce resistance as a function of R: or Re. 


The variation of noise figure with transistor operating 
point is determined by considering the effect of the operat- 
ing point on the amplifier circuit parameters. Since the noise 
figure is the same for either the common-base or common- 
emitter circuits, only the latter circuit will be discussed. 

The first quantity to be considered is the emitter current, 
which affects both the dynamic emitter resistance r, and the 
quantity (1—ap), ao. The net effect on the noise figure of 
the interaction of these two parameters is to produce a broad 
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Fic. 7. Increase in minimum noise figure caused by R; or Ro. 


minimum at some low value of emitter current. In addition, 
the optimum source resistance is high for low values of 
emitter current, so that operation of the transistor at very 
low emitter currents is desirable if a reasonably high input 
impedance is desired. For most audio transistors, satisfac- 
tory noise figures are obtained with the emitter current on 
the order of 200 ya or less. 

Since all the amplifier parameters are relatively independ- 
ent of collector to emitter voltage, the noise figure shouid be 
nearly independent of voltage. This has been experimen- 
tally verified for low values of collector to emitter voltage 


At high voltages, however, the surface leakage currents across 
the collector junction increase, thereby increasing the noise 
output of the transistor. For reasonable values of collector 
to emitter voltage, generally of the order of 6 v or less, the 
noise figure is independent of voltage. 

As discussed previously, the presence of the bias and 
emitter resistors can only increase the noise figure of the 
common-emitter amplifier. In general, however, choosing a 
value of R,; greater than 100 R, and a value of R» less than 
R,/100 will ensure satisfactory noise performance in this 
respect. 
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Fic. 8. Common-emitter and common-base noise figure expressions. 


Examination of equation (3) shows that the optimum 
source resistance for a minimum noise figure is of the order 
of the common-emitter low frequency input resistance. Thus 
the common-emitter configuration is particularly well suited 
for use as a high-gain low-noise amplifier at frequencies 
above fo. At very low frequencies, however, the optimum 
source resistance for minimum noise figure approaches 
(r,’ 4- r-), so that the available common-emitter power gain 
is reduced considerably if the amplifier is driven from the 
optimum source resistance at a very low frequency. 
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Fic. 9. Noise figure of a wide-band amplifier. 


The fact that both noise figure and optimum source resist- 
ance are functions of frequency over a considerable portion 
of the audio spectrum makes it necessary to redefine these 
quantities before attempting to apply these considerations 
to the design of wide-band amplifiers. In Fig. 9, equation 
(7) shows a suitable definition for average noise figure of a 
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wide-band amplifier. Here, F’(/) is the amplifier noise fig- 
ure as given by equation (1) or (2), and G(/) is the avail- 
able power gain of the amplifier as a function of frequency. 
Since both F’(f) and G(f) are explicit functions of the am- 
plifier parameters, the optimum source resistance and opti- 
mum operating point are chosen so as to minimize F’, the 
average noise figure. Usually equation (7) can be simplified 
as shown by assuming that G(f) is constant over the ampli- 
fier bandwidth from f; to fe, and zero outside the amplifier 
bandwidth. The resultant expression for average noise 
figure is shown in equation (8). Note that all of the rela- 
tionships developed thus far for noise figure at a discrete 
frequency are applicable to wide-band amplifiers if the 
quantity (1 + f,/f) is replaced by the quantity 


{1 + [fo/(fe—fir)] In (fe/fr)}- 
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Fic. 10. Common-collector noise figure expressions. 


In addition to considerations of operating point, source 
resistance and bias resistance, the designer must also choose 
the type of transistor to be used in the amplifier. For wide- 
band amplifier applications it may be argued that this choice 
is primarily based on gain-bandwidth requirements of the 
amplifier, rather than on the noise behavior. However, it 
turns out that the qualities required for a large gain-band- 
width product, i.e., high ag, low r,’, and high alpha cutoff 
frequency, f,, also result in the best noise performance, so 
that no conflict arises here. In choosing a suitable transis- 
tor for a wide-band low-noise amplifier, however, a consid- 
eration of the parameter fy is required. The effect of this 
parameter is best described by calculating the quantity 


{1 + [fo/(fe—fi)] In (fe/fr)} 


in equation (8) for an appropriate case. 

In the design of a video amplifier having an ideal band- 
pass from 20 cps to 2 megacycles per second, the choice of 
a suitable transistor is rather arbitrary, since several types 
of transistor possess an adequate gain-bandwidth product. 
However, the excess noise cutoff frequency, fo, varies con- 
siderably between these types. Consider a typical diffused- 
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base transistor for which fy is approximately 100 kc. The 
value of the quantity 


{1+ [fo/(fe—fr)] In (fe f1)} 


for this transistor in the application described is 1.60. In 
contrast, a micro-alloy junction transistor such as the Philco 
2N393 MAT also has an adequate gain-bandwidth product, 
but fo is typically only 4 kc. The value of the quantity 


(1 + [fo/(fe-fi)] In (fo/fi)} 


for the MAT in the same application is only 1.02. For 
typical transistor parameters, the difference in fo, the excess 
noise cutoff frequency, produces a 30% difference in noise 
figure. 

In addition to having a lower excess noise cutoff fre- 
quency, the MAT also has another advantage. At emitter 
currents less than one milliampere, the MAT actually has a 
greater gain-bandwidth product than many diffused-base 
transistors, in spite of the fact that the latter type of unit is 
generally considered a “higher frequency” transistor. Thus 
the choice of a transistor for this typical application, al- 
though seemingly arbitrary at first glance, has a consider- 
able effect on the amplifier noise figure. This example is 
an excellent demonstration of the utilization of any freedom 
of choice in circuit design to minimize noise figure. 


—Yec 


—Ves 


Fic. 11. “Bootstrapped” high input impedance amplifier. 


ANALYSIS OF THE NOISE FIGURE EXPRESSIONS FOR THE 
COMMON-COLLECTOR CIRCUIT 


The analysis of the noise figure expressions for the com- 
mon-collector circuit shown in Fig. 10 will now be discussed. 
The expressions for the noise figure and optimum source 
resistance of the common-collector circuit, (2), (5), and 
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(6), show that the operating point considerations for mini- 
mum noise figure are approximately the same as for the 
circuits previously discussed. However, the common-collec- 
tor amplifier is often used in conjunction with a source re- 
sistance which is much greater than the optimum value for 
minimum noise figure. For very high values of source re- 
sistance, the increase in transistor noise figure with increas- 
ing R, is approximately a linear function of Ry. 

In connection with the use of the common-collector con- 
figuration as a low noise amplifier, it has been shown by 
Middlebrook’ that while the input impedance and gain 
characteristics of an amplifier are generally dependent on 
any feedback elements in the amplifier, the noise figure and 
the optimum source resistance for minimum noise figure are 
not affected by feedback. Thus it is possible to obtain rela- 
tively high input impedance without degrading the noise 
figure or changing the optimum source resistance. One such 
feedback amplifier which makes use of this effect is shown 
in Fig. 11. This circuit achieves a high input impedance at 
low frequencies by “bootstrapping” the base biasing resis- 
tor. In effect, a bootstrap multiplication of Rz, occurs, so 
that the effective impedance presented to the signal fre- 
quency by the bias network is Rp,/(1—G,), where G, is 
the amplifier voltage gain. Since the voltage gain of the 
common-collector amplifier is only slightly less than unity, 
the effective impedance of Rp é is much greater than its dc 
value. No bootstrap multiplication occurs for noise volt- 
ages, however, and the impedance presented to the noise is 
merely Ry. The calculation of noise figure, therefore, is 
performed using the dc value of Rp,, whereas the input im- 


pedance to the amplifier is calculated using the effective ac 
value Rp, (1-G,). 


SUMMARY 


In summary, the desirable circuit parameters for low- 
noise operation of a transistor audio amplifier are as follows: 

The operating point should be chosen in such a manner 
that the emitter current is of the order of 200 ya or less, 
with reasonably low collector to emitter voltages. The 
choice of a transistor for wide band applications should be 
made with these operating point considerations in mind. 

The total shunt resistance from input terminal to ground, 
R,, should be chosen to be much greater than the source 


1R. D. Middlebrook, Semiconductor Products, 1, 14-20 (July/ 
August, 1958). 


resistance, R,. Any not-bypassed resistance from the com- 
mon terminal to ground, Re, should be chosen to be much 
less than the source resistance. 

If possible, the amplifier should be operated from a source 
resistance as close to the optimum value as possible. 

Where a high input impedance, low-noise amplifier is re- 
quired, the use of feedback amplifiers such as the “boot- 
strapped” common-collector circuit is suggested. 

In any design situation where some freedom is encoun- 
tered in the choice of circuit parameters, the use of these 
considerations, applicable to either narrow-band or wide- 
band amplifiers, will result in an improvement in the noise 
performance of the amplifier. 


* Presented October 12, 1960 at the Twelfth Annual Convention of 
the Audio Engineering Society, New York. 
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High Quality High Reliability Amplifiers 
for Speech Input Systems” 


James J. NoBLE 


Altec Lansing Corporation, Anaheim, California 


This paper describes new plug-in microphone and program amplifiers having improved perform- 
ance capabilities, greater flexibility and convenience of application, and an unusually high degree 
of reliability in which the design choice remained with tubes rather than transistors. 


INTRODUCTION 


|" peamate gain microphone and program amplifiers used in 

broadcasting, recording and speech reinforcement sys- 
tems have been fairly well standardized as to amplification. 
Other performance requirements, however, have become 
progressively more stringent. 

Designs of the past decade have emphasized small size and 
good performance, with reliability and ease of maintenance 
receiving relatively little attention. Today, when the de- 
signer’s choice extends to transistors with their theoretical 
promise of indefinite life, attention is directed to the ques- 
tion of reliability and the cost of maintenance as well as to 
performance. 

The Altec 458A microphone amplifier and 459A program 
amplifier (Photo 1) replace equivalent amplifiers' designed 
some ten years ago. In the microphone amplifier a reduc- 
tion of 70% in the number of components has been achieved. 
A higher order of reliability has resulted while previous per- 
formance specifications have been equalled or exceeded. In 
brief, specifications require the 458A to operate from either 
a terminated or unterminated generator and to provide an 
insertion gain of 34 or 40 db at output levels of +20 dbm 
at low distortion over the audio frequency range. The 459A 
also operates from a terminated or unterminated generator 
and provides an insertion gain of 50 or 56 db at output levels 
of +30 dbm at low distortion over the audio frequency 
range. Photos 2 and 3 illustrate the simplicity of the new 
units compared to earlier designs. 


TUBES OR TRANSISTORS? 


No design can be considered today without an evaluation 
of the merits of tubes versus transistors as it applies to the 


* Presented October 12, 1960 at the Twelfth Annual Convention of 
the Audio Engineering Society, New York. 


1J. Stork, “Miniature Plug-in Broadcast Amplifiers,’ Tele-Tech, 
December 1952. 


particular application. “Application” is stressed because 
each device is superior in certain areas. The area of superi- 
ority satisfying the major requirement of the application 
must necessarily dictate the choice. This particular equip- 
ment is intended for fixed installation use, powered from 
the ac mains. It was further resolved to obtain the highest 
performance that the state of the art could provide without 
indulging in circuit complexities which require above-average 
technical “know how” to service. 


4584 4594 


Pxuoto 1. New microphone and program amplifiers. 


Because of fixed installation, ac operation, the advantages 
of the small size and low power consumption features of the 
transistor are lost. Dynamic range (i.e., spread between the 
noise floor and the maximum signal accommodated) is of 
vital importance in the microphone amplifier. By using 
noise-controlled transistor types and the questionable process 
of selection during manufacture, amplifier noise figures in 
the range of 3 to 4 db can be maintained in production.* 


2J. J. Davidson, IRE National Convention Record, Part 7, 162- 
168 (1957). 
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1960 1950 
Puoto 2. Comparison of new and old microphone amplifiers. 


Unfortunately, the operating condition providing the lowest 
noise figure is net compatible with large signal handling 
ability; therefore, the transistor amplifier suffers at both 
ends of the range. 

The tube, on the other hand, being a potential-operated 
device, can be teamed with an adequate step-up transformer 
to give noise figures approaching zero. The tube has a large 
area of permissible operation providing adequate noise per- 
formance so that signal-handling capability need not be 
compromised for noise considerations. The overall result is 
a gain of 10 to 15 db in dynamic range by using the tube. 

Not to be overlooked is the theoretically indefinite life of 
the transistor. This is attractive from the standpoint of the 
user because it carries with it the implication that the entire 
package which has been transistorized will be free from 
failure and the requirement of maintenance. Much contro- 
versy exists today over the actual life which will be realized 
with transistors. It is pointed out that comparative evalua- 
tions are based upon actual field experience with tubes while 
it is theory rather than practice upon which the potential 
reliability of transistors has been established. It is further 
stated that if the same criteria of reliability were applied to 
both devices, there would be no real difference in their po- 
tential reliability.* 

Although the foregoing may be argumentative, it can be 


3 The Electron Tube Information Council, Tubes and Transistors, 
A Comparative Study (ETSC, New York, 1960). 


definitely said that reliability comparisons are meaningful 
mainly in relation to entire systems. Our design studies in- 
dicated that overcoming the low, non-linear input imped- 
ance, compensating thermally dependent electrical charac- 
teristics and providing circuit acceptability for the wide 
manufacturing spread of transistor characteristics would 
involve circuitry and stages not required by tubes and could, 
in fact, by sheer numbers of components lead to a lower 
order of reliability. 

Therefore, on the basis of lower noise, wider dynamic 
range and simplified circuitry contributing to reliability and 
ease of maintenance, tubes were selected in favor of tran- 
sistors. 


DESIGN PHILOSOPHY 


Interchangeability of microphone and program amplifiers 
within a system can provide useful flexibility. An example 
is in television broadcasting where boom-mounted micro- 
phones are kept out of the camera range. Because of the 
greater distances involved microphone output is diminished 
and the normal mixer channel may have marginal gain to 
provide adequate control. When a program amplifier with 
its extra gain and power capability can be instantly substi- 
tuted for a microphone amplifier, any standard channel can 
become a high gain channel this freeing the operator from 
handling the pickup on a special channel with fixed board 
location. To accomplish this both microphone and program 
amplifiers are made to fit the same mounting tray with iden- 


1960 1950 
Puoto 3. Comparison of new and old program amplifiers. 


; 2 
ae 
‘ = 
‘a ay, 
—- 
ee 
; : a 
as {*) + 
* a ' nee. | tetas a 
oe = 3 
{ i a 
— 7 } ut F eC; 
yy | _ = en 
i ae. \ —_ 
+ vv. ’ f . ~ - 
=e ye a 
_ s, «A A. 
id Me = 
* t { cy Aud ‘ = 
| ~ : ey! 
\ . ~ < : a 
{ ma 2 . : :, : * 
&* ° - yj Po \ a 
a ° “ os 
' t ‘ z ca Ee 
| is a 1) 7) ie 
N= | / a 
i) 4 I . oa ; i ome 
\ mi ss 
e d l ) ah \ ' Le 4 F 
. — i * ; ee 
l- * } 7 t ¢ a 
Aya) Jey Aa] ig . = 
n ve dale 4 4 
ae ae Y 4 —_ : 
— te 
it Po = 
’ a 
; . 
: | * 
— rege % 
af 5. Py Laer & 
: yet Z ne 
dye. | ah be a 
p a 
oo 
? & 4 a 
? j \3 ' - 
ow | - 
W 2 
pap : Ps ty ' oe 
ie mm hy a 
‘+ 2 
| E aa) a 
if Be { L ' * 
of t a : -- 
ge | im ‘ q 
ne ' Gant” | tv.) a - 
in { ae - an — a 
3 3 
7 
y 
| , 
7 aid Y 


E 
‘i REFERENCE POWER = 
= L 
—s 
e AMPLIFIER | €, Sr, : 
(Ea) 
: ‘ OUTPUT POWER = —> 
LS a R, 
OUTPUT POWER 


INSERTION GAIN = IO LOGio-perenence PoweER 


Fic. 1. Schematic diagrams for the definition of insertion gain. 


tical connections on plug and socket. Furthermore, both 
units operate from the same power supply connection and 
require no power supply decoupling when cascaded. In 
mixer systems the microphone amplifier is universally used 
for performing the functions of booster as well as input 
amplifier. As a booster following a load sensitive device such 
as an equalizer, it requires input termination. For use as a 
microphone amplifier an unterminated input is desirable. In 
either case source or load impedance requirements may dif- 
fer. It has been the practice to reconnect terminals within 
the amplifier to effect source and load impedance changes 
and similarly to solder a resistor or a strap in place to alter 
input termination. Once these minor changes have been 
made the amplifiers are no longer universally interchange- 


JAMES J. NOBLE 


able and must be individually identified and keyed to their 
proper location within the system. To eliminate the special- 
amplifier special-location problem it was decided to bring 
all impedance-change and termination connections through 
the plug so that any amplifier would automatically be prop- 
erly connected and terminated for the service intended by 
inserting it into the mounting tray wired for the function. 


MICROPHONE AMPLIFIER GAIN 


From a systems standpoint the microphone amplifier 
should have a large amount of gain to aid in economically 
achieving adequate signal to noise ratios. The amplifier 
gain must substantially exceed the losses introduced by the 
insertion loss of the mixer control, the operating loss of the 
mixer control, branching network loss or equalization loss, 
and the loss of the mixing network itself. Mixing network 
loss is related to the number of channels to be mixed. The 
amplifier gain will limit the number which can be mixed 
before additional amplifiers must be put in the chain. The 
gain of a microphone amplifier which is used preceding the 
mixer control is limited to the difference between the maxi- 
mum microphone signal and the maximum output capability 
of the amplifier. It has long been established that a strong 
voice in close proximity to the average studio microphone 
can produce peak levels of approximately —20 dbm electrical 
input to the amplifier, while sounds from certain musical 
instruments exceed this level. Output capability on the 
order of +-20 dbm is an accepted figure providing adequate 
gain for the normal mixer and network losses while demand- 
ing only modest power input and physical space. By defi- 
nition then if the maximum input level is -20 dbm and the 
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Fic. 2. 458A amplifier. 
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EQUIVALENT CIRCUIT 


Rg SOURCE IMPEDANCE. 
Rp PRIMARY WINDING RESISTANCE. 
Rg SECONDARY WINDING 


RESISTANCE. INDUCTANCE. 
Cs TOTAL SECONDARY R, TERMINATING RESISTANCE. 
CAPACITANCE . 


Lw PRIMARY TO SECONDARY 
LEAKAGE INDUCTANCE. 
Ly PRIMARY OPEN CIRCUIT 


Fic. 3. Input transformer equivalent circuits (unity turns ratio). 


maximum output capability +20 dbm the gain is limited 
to 40 db. The 458A microphone amplifier is designed to 
have an unterminated insertion gain of 40 db, which cor- 
responds to a terminated gain of 34 db. 


GAIN DEFINITION 


Insertion gain is defined* as the ratio in db of the load 
power when the amplifier is in the circuit to the load power 
when the generator is directly connected to the load. These 
conditions are shown diagrammatically in Fig. 1. Note in 
Fig. 1A that the voltage at terminals 11 is equal to E/2 
(RG = RL). In Fig. 1B, however, the voltage at terminals 
11 may be E/2 or E, depending upon whether the amplifier 
input is terminated or unterminated. Therefore, the inser- 
tion gain will differ by 6 db between the terminated and un- 
terminated condition, although voltage amplification remains 
constant. 


PREAMPLIFIER CIRCUIT DESIGN 


The underlying idea behind this design was to make a 
single stage amplifier, thus eliminating interstage coupling 
networks. In this approach tubes are used in parallel 
rather than in cascade to obtain the necessary gain, and the 
redundancy thus afforded contributes importantly to relia- 
bility. The 6072, 9-pin miniature twin triode was chosen. 
It is a low noise, low microphonic tube intended for use in 
critical operations requiring operational dependability. The 
circuit of the amplifier is shown in Fig. 2. In this configura- 
tion the tubes are matched on a one-to-one basis to the load 
by means of the output transformer. Having the amplifier 
present a matched source impedance to the load is a highly 


47RE Standards on Audio Techniques; Definitions of Terms (1954). 


desirable feature not provided by most current microphone 
amplifiers. The benefit arises from the fact that various 
equalizers and networks require matched sending and ter- 
minating impedances to function properly. With many in- 
verse feedback type amplifiers it is necessary to use buildout 
resistors to achieve this match, at the expense of gain and 
power. With the elements of the 6072 paralleled and two 
tubes used in a push-pull configuration, the matching plate- 
to-plate load impedance at the operating point selected is 
25,000 ohm and the gain is 21.5. The additional gain of 
2.45 must be contributed by the input transformer, requir- 
ing the secondary impedance to be 150,000 ohm. 

An examination of the circuit of Fig. 2 will show the ex- 
treme simplicity of the design. There are no interstage 
coupling networks to become noisy. Resistors Rl and R4 
are cathode biasing elements. Resistors R2 and R3 are pro- 
vided for use with an external meter to check plate currents. 
Resistor R5 and capacitor C3C form a hash suppressor in the 
B supply line. Cl and C2 are neutralizing capacitors which 
reduce the effect of the input capacitance of the two triodes, 
making the high impedance secondary of the input trans- 
former feasible. A natural question at this point is: “Why 
are not the two tubes individually in push-pull rather than 
paralleled on one side of the circuit?” The answer is quite 
simple. To have but one pair of meter switches for the two 
tubes requires that the cathodes of the elements within one 
envelope be connected in parallel in order to draw current 
through a common bias resistor. Tube elements connected 
to the same self-bias resistor should not appear on opposite 
sides of the push-pull circuit since the difference in trans- 
conductance is aggravated by the common bias connection 
and results in an amplified plate current difference. Plate 
current difference naturally causes magnetization of the out- 
put transformer, resulting in poor performance at low fre- 
quencies. 


TRANSFORMER DESIGN AND PERFORMANCE 


The 4745 input transformer is designed on a shell type 
structure housed in a nest of high permeability steel cans 
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Fic. 4. 4745 input transformer (-45 DBM input). 
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Fic. 5. 16526 output transformer (measured at -10 DBM). 


which afford magnetic shielding in excess of 90 db. The pri- 
mary has two windings for 150 or 600 ohm sources which 
are electrostatically shielded from the secondary. They are 
bifilar-wound to provide accurate balance for the rejection 
of longitudinal currents. The center-tapped secondary con- 
sists of two “pied” windings interleaved with the primary. 
Each “pie” winding has identical dimensions to obtain an 
equality of resistance, capacitance, and leakage reactance 
referred to the primary. The vital requirement for bal- 
ance in this circuit design is explored later in the paper. 
As stated previously, this transformer must function with 
or without termination. When terminated the resistor is 
placed on the primary rather than on the more conventional 
secondary. Shown in Fig. 3A and 3B are the high and low 
frequency equivalent circuits of the transformer.* From 
examination of Fig. 3A it can be seen that at high frequen- 
cies the output voltage appears across the capacitive element 
of a series resonant circuit limited in Q by the sum of source 
and winding resistances. A high value of Q will cause a 
peak in response at the resonant frequency of the trans- 
former, which must of course fall at or above the highest 
frequency of interest. Since the source resistance is fixed 
the designer has only the winding resistance with which to 
control circuit Q. Low frequency degradation occurs, how- 
ever, if the primary winding resistance becomes appreciable, 
as can be seen from examination of Fig. 3B. Here the out- 
put voltage appears across the open circuit inductance of the 
primary fed from a constant voltage generator in series with 
the sum of source and primary winding resistance. The 3- 
db-down point will occur at the frequency at which the re- 
actance of the OCL is equal to the series resistance. Assum- 
ing source resistance and OCL fixed, an increase in primary 
winding resistance making it a significant part of the total 
will result in moving the 3-db-down point to a higher fre- 
quency. It is to be concluded, therefore, that the only vari- 
able open to the designer in controlling the high frequency 


5R. Lee, Electronic Transformers and Circuits (John Wiley and 
Sons, Inc., New York, 1955), pp. 146-154. 


peak is the secondary resistance. Here a practical limit is 
reached when with progressively finer wire difficulty in 
handling causes the cost factor to rise steeply and reliability 
to be questionable. The 4745 transformer uses #44 wire for 
the secondary, which satisfies the resistance requirement and 
yet is of sufficient size for ease of handling on multiple 
winding machines. To further increase the frequency at 
which the transformer resonates, materials used for layer 
insulation and wrappers (Teflon) are selected for low di- 
eiectric constant. When in use the transformer is fed from 
a source with or without termination. The effective source 
impedance then varies over a range of 2 to 1, making it 
unlikely from the above description to achieve a precisely 
flat response for both conditions. Reference to the graph of 
Fig. 4 will show the increase in response at both frequency 
extremes under the terminated condition. 

The 16526 output transformer is step-down from 25,000 
ohm to 600 and 150 ohm. It is a core type structure and 
has all of the requirements for balancing the two halves of 
the high impedance winding to the low impedance winding, 
as does the input transformer. In this unit the turn ratio is 
modest and it normally operates between matched imped- 
ances, so that it presents little high frequency design prob- 
lem. The core type structure uses two identical coils, each 
having a portion of both primary and secondary windings. 
This combination automatically provides the necessary bal- 
ance. To reduce the tendency for unbalanced tubes to cause 
core magnetization, hence change low frequency response, a 
controlled gap is inserted in the core structure. Response 
of the 16526 transformer is shown in Fig. 5. 


PREAMPLIFIER FREQUENCY RESPONSE 


The curves in Fig. 6 show the amplifier frequency re- 
sponse with and without neutralizing capacitors. It will be 
noted that the low-frequency loss corresponds to the sum of 
the losses exhibited on the curves for the two transformers. 
The high-frequency performance without neutralization, 
however, differs markedly from that of the transformers 
alone. This is caused by the large effective input capaci- 
tance of the parallel triode sections. The 6072 has a grid- 
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Fic. 6. Frequency response of 458A microphone amplifier (meas- 
ured at -10 DBM output). 
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HIGH QUALITY HIGH RELIABILITY AMPLIFIERS FOR SPEECH INPUT SYSTEMS 


to-plate capacitance (each section) of 1.4 mmf and a grid- 
to-cathode capacitance of 1.5 mmf. Assuming an additional 
wiring and socket capacitance of 0.5 mmf for g, and 1 mmf 
for g;, the effective input capacitance per tube® is C;, = 
Cy + Cop (A + 1) = 88.5 mmf. In the push-pull con- 
figuration, assuming the transformer to have unity coupling, 
the 3-db-down point would occur at f = 1/6.28 « 1.5 & 
10° ~ 44.25 & 10°? = 24 kc. 

The actual loss at this frequency, shown on the unneu- 
tralized curve of Fig. 6, is greater than the calculated loss 
because of transformer leakage reactance. The significant 
part of the input capacitance is the portion which occurs be- 
tween grid and plate since in effect it couples the plate signal 
to the grid in phase opposition. The push-pull configura- 
tion provides another plate of equal signal differing 180° in 
phase, which leads to the scheme of cross neutralization pro- 
vided by capacitors C1 and C2 shown in the diagram of 
Fig. 2. Capacitors Cl and C2 are equal in value to the grid 
to plate capacitance of the vacuum tube and in this case are 
3 mmf. In theory, when the capacitances are equal zero 
energy is transferred by means of the inter-electrode capaci- 
tance between grid and plate circuits, leaving only the dis- 
tributed and grid-to-cathode capacitances to affect frequency 
response. For cross neutralization to be effective, the out- 
put transformer must present a unity-power-factor load to 
the tubes up to the highest frequency of interest. Attempts 
to correct for other circuit deficiencies by over-neutraliza- 
tion results in instability and possible regeneration. 


PREAMPLIFIER NOISE 


Of major interest in evaluating a microphone amplifier is 
its generation of self noise. Any resistance which is at a 
temperature above absolute zero generates noise due to the 
thermal agitation of free electrons in the material.’ The 
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Fic. 7. Noise performance of 458A microphone amplifier. 


6A. V. Eastman, Fundamentals of Vacuum Tubes (McGraw-Hill 
Book Company, Inc., New York, 1941), p. 253-255. 
7 J. B. Johnson, Phys. Rev. 32, 110 (1928). 
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Fic. 8. Output characteristic, 458A microphone amplifier. 


magnitude of the noise can be calculated from a knowledge 
of resistance, absolute temperature and equivalent noise 
bandwidth of the measuring system. A completely noise- 
free amplifier whose input is connected to its equivalent 
source resistance will have noise in its output equal to the 
product of amplification and source resistor noise. This 
noise level is said to be the “theoretical minimum.” The 
amount by which the “actual” noise exceeds the “theoreti- 
cal,” expressed in decibels, is called the noise factor of the 
amplifier. 

To make an accurate noise factor measurement of the 
458A, two of them were cascaded to obtain more convenient 
measurement levels; the data of Fig. 7 were obtained. In 
this set-up inputs and outputs were connected for 600 ohm, 
and the outputs of both were terminated in 600 ohm. The 
frequency response curve was made, using an unterminated 
600 ohm generator to feed the input amplifier. The data is 
shown on a linear frequency scale with the ordinate divided 
on a power basis. The equivalent noise bandwidth is the 
bandwidth of the rectangle having the same area as the 
power response curve and the same low frequency gain. It 
is shown on Fig. 7 to be 37 kc. The voltage gain of the 
combination measured 68.0 db and the noise 1.57 mv, or 
.63 pv referred to the input. 

“Theoretical” minimum noise at the input is: Ep», = 
(4KTRB,,)'*, where T — Absolute Temperature (°K); 
R = Resistance (ohm); K — Boltzmann’s Constant = 1.38 
x 10% (joule/°K); and B,, = Equivalent Noise Band- 
width (cps). 

Measured values are T = 300°K (27°C), R = 600 ohm 
and B,, = 37 kc, resulting in a calculated minimum noise 
voltage of .606 »v. The amplifier noise figure, therefore, is 
20 log 0.63 & 107°/0.606 « 107?* = 0.32 db. The very 
close approach of the amplifier noise figure to the theoretical 
one is due primarily to the large step-up ratio of the input 
transformer which delivers the signal to the tube grids at 
such a large value as to make “tube-generated noise” small 
by comparison. 
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Fic. 9. 459A amplifier. 


PREAMPLIFIER POWER CAPABILITY 


Noise imposes the minimum signal boundary while input 
or output overload imposes the maximum signal boundary. 
The difference between these two is the dynamic range of the 
amplifier. Good qualities at one extreme with less than op- 
timum performance at the other renders the whole, at best, 
mediocre. With the use of parallel rather than cascaded 
stages to obtain amplification, the 458A became rather well 
endowed with output capability, as can be seen from the 
curves of Fig. 8. It is apparent that at mid-frequencies out- 
puts as high as +25 dbm, corresponding to unterminated 
microphone signals on the order of —15 dbm, can be handled 
without serious distortion. 


PROGRAM AMPLIFIER DESIGN 


The 459A program amplifier is more conventional in de- 
sign, requiring two stages to obtain its terminated input gain 
of 50 db and incorporating negative feedback to assure low 
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Fic. 10. Output characteristic, 459A amplifier. 


distortion for output levels exceeding 1 watt. The reduction 
in internal output impedance caused by the voltage feedback 
connection is not considered detrimental in program ampli- 
fier use since the output is normally isolated from following 
loads by a pad of at least 6 db. Low output impedance can 
be used to advantage in program distribution networks, 
where a low impedance feeding the branching network pro- 
vides additional isolation between outputs. In the 459A, 
approximately 10% db of feedback is used resulting in an 
internal output impedance of 25% or less of the nominal 
load impedance. Fig. 9 shows the amplifier circuit. It will 
be noted that a balanced configuration has been used here 
also. Among other advantages it allows the cascading of 
this unit with others without the necessity of power supply 
isolation. As in the microphone amplifier, parallel redun- 
dancy is employed in the output stage. Failure of a tube 
section or an entire tube will not interrupt program trans- 
mission. Input tube VI is singular in its application in that 
it is the only signal path from input transformer to output 
stage. At first thought it would seem that any failure here 
would interrupt program transmission. Fortunately, how- 
ever, aside from a catastrophic failure such as a fractured 
envelope, both sections of the tube seldom become inopera- 
tive at the same time. The 6072 is used here as in the pre- 
amplifier. The heaters for the two tube sections are con- 
nected in parallel so that failure of one half does not affect 
the other. Under these circumstances the amplifier wil! con- 
tinue to function with about the same gain although its 
power output and distortion characteristic will have suffered. 
Use of the tube test button in conjunction with an appropri- 
ate meter will show a plate current loss for tube VI indicat- 
ing a partial tube failure. 

The output transformer for this circuit is similar in con- 
figuration to that of the preamplifier. Its physical size is 
larger, however, because of the increased output. Primary 
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HIGH QUALITY HIGH RELIABILITY AMPLIFIERS FOR SPEECH INPUT SYSTEMS 133 


impedance is 12,500 ohm plate-to-plate, which gives about 
a2 to 1 load-to-plate impedance match. Use is made of the 
same high ratio input transformer designed for the micro- 
phone amplifier. Although the transformer is connected to 
but one tube, input capacitance is over 60% of the two-tube 
preamplifier circuit capacitance due to a somewhat higher 
stage gain. Nevertheless, cross neutralization is unnecessary 
because of negative feedback action which in effect reduces 
the grid to plate amplification, thus reducing apparent input 
capacitance. Negative feedback is directly coupled from 
the push-pull output plates to the input tube cathodes. Aside 
from its effect on input stage bias, the only precaution neces- 
sary in this method of feedback is to specify an adequate 
precision of balance between the beta networks on opposite 
sides of the push-pull circuit. The equality of division re- 
quired by the two-resistor networks is inversely proportional 
to the numerical value of the gain reduction achieved by 
negative feedback. That is to say, with increasing amounts 
of feedback the voltage division provided by the two beta 
networks must be matched with increasing accuracy. 


To elaborate this point, which does not seem to be ade- 
quately covered in the literature, mutual coupling of the 
primary halves of the output transformer provides virtually 
identical signal voltages across the two beta networks re- 
gardless of the balance in the preceeding tube stages. The 
fraction of output signal voltage fed back to each input-tube 
grid-cathode circuit is proportional to the resistance values 
in each beta network. With substantial amounts of negative 
feedback this voltage is large compared to the resultant 
grid-to-cathode signal voltage; with 20 db, the ratio is on 
the order of 10 to 1. With feedback magnitudes so large 
by comparison, a net beta difference between push-pull sides 
of 10% will produce an additional feedback component on 
one side equal to 100% of the grid-cathode signal. Since 
the resultant grid-to-cathode voltage is the algebraic sum 
of input and feedback voltages, it is obvious that such a 
departure will result in zero drive for one tube, and hence 
in failure to obtain push-pull action. In the 459A design, 
resistors of 1% accuracy are used. With 10% db of feed- 
back this accuracy permits a possible difference of 4% in 
grid-to-cathode signal voltage between the two sections of 
tube VI. The advantage of this form of feedback over using 
a tertiary winding is that the leakage reactance component of 
the output transformer does not appear as a series element in 
the feedback loop. As there are only two stages and the leak- 
age reactance element is not included in the feedback net- 
work, it is unnecessary to add phase controlling elements to 
stabilize the amplifier at high frequencies or to assure ade- 
quate margins with capacitive loads. There is a further less 
obvious advantage to this form of feedback. When the leak- 
age reactance of the output transformer is not encompassed 
within the feedback loop, the gain of the amplifier is allowed 
to decrease more rapidly at frequencies immediately above 
the audio range. This is an advantage in system applications 
where extended frequency response in the areas of 50 to 
100 kc can cause instability, as when long cable runs must be 
made without benefit of separation between input and output 
or high-level and low-level wiring. 


PROGRAM AMPLIFIER PERFORMANCE 


The noise performance of the 459A is comparable to that 
of the microphone amplifier since it uses the same high step- 
up ratio input transformer and tube combination. Its out- 
put power is rated at +30 dbm over the range of 30 cps to 
15,000 cps, as shown in Fig. 10. Because of the rather large 
plate dissipation capability of the two-tube output combina- 
tion, mid-frequency power in excess of 3 w may be obtained 
before distortion becomes serious. This makes the unit 
useful in feeding branching networks and head sets as well 
as in its normal function as a program line amplifier. The 
frequency response for the unit is also shown in Fig. 10 for 
both the terminated and unterminated case. 

To further enhance tube life, tube shields of the heat re- 
ducing type have been used on both amplifiers. In critical 
areas precision resistors have been used. In locations where 
tube failure might cause excessive current flow with the pos- 
sibility of damage, precision wire-wound types of adequate 
size to withstand any such overload without impairment of 
initial accuracy have been used. The one set of coupling 
capacitors in the program amplifier is of the molded Mylar 
type. Power supplies recommended for use with these am- 
plifiers provide dc for the amplifier heaters; all data com- 
piled for this paper was obtained using such a power supply. 


CONCLUSION 


More detail has been given on the microphone amplifier 
because of its greater departure from past designs and be- 
cause of its quantitative importance in speech-input equip- 
ment. In contrast to the designer’s usual dilemma of want- 
ing fewer parts for lower failure probability but requiring 
more parts to provide circuit redundancy or fail-safe func- 
tions, this design provides reliability through redundancy 
and simplicity, and is a step in the direction of ideal design. 
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Delay Line for Stereophonic Broadcasting® 


R. E. LAFrertTy 


Boonton Electronics Corp., Morris Plains, New Jersey 


A system for broadcasting programs in compatible stereophonic sound has been developed at 


the Bell Telephone Laboratories by F. K. Becker. 


The method requires that two audio channels, 


A and B, be delayed with respect to each other by approximately 10 milliseconds. 
A delay line to accomplish this time delay is described, as well as design parameters, such as 
phase and amplitude response vs frequency, attenuation, harmonic distortion, shielding, and the 


measurement of the delay time. 


INTRODUCTION 


 yadeomnrcage systems have been developed recently which 

permit stereophonic broadcasting using two transmitting 
channels, or outlets, while providing complete monaural lis- 
tening on either channel alone. This is known as compatible 
stereophonic broadcasting. 

One such system has been suggested, developed, and dem- 
onstrated by the Bell Telephone Laboratories and is de- 
scribed in a paper by F. K. Becker.’ Briefly, the system 
requires that both A and B signals of the stereophonic pro- 
gram be transmitted over each transmitter outlet with the 
singular restriction that a time delay of about 10 milliseconds 
exist between signals A and B. Fig. 1 is a simplified block 
diagram of the system. 

A listener to either transmitter outlet hears the full pro- 
gram owing to the inability of the ear to detect the time 
delay from a single source. The listener who takes advan- 
tage of the complete system, by using two receivers and 
speakers placed several feet apart, is recompensed with 
stereophonic reproduction through a psychoacoustic phe- 
nomenon which Becker terms the precedence effect. 

Consequently, sound arriving first from one speaker and 
with a delay from a second deceives the listener who imag- 
ines the only source to be that speaker from which the sound 
was first perceived. The deception is further heightened if 
the level of the delayed signal is attenuated about 3 db. 

This brief description must suffice here, for it is not the 
intent of this paper to discuss the system, but rather. the 
design of the 10 millisecond delay line used in the system. 

Ideally, the delay lines shown in Fig. 1 should not alter 
the applied input signal in any way other than to delay its 


* Presented October 12, 1960 at the Twelfth Annual Convention of 
the Audio Engineering Society, New York. 
1F. K. Becker, JRE Trans. on Broadcasting, 16-18 (Nov., 1959). 


transmission by 10 milliseconds. Practically, such a line 
cannot be built, and we must therefore set restrictions upon 
the design regarding permissible distortions. 

Two delay lines having the specifications quoted in Table 
I were ordered. 


TABLE I. Specifications for delay lines.* 


Total Delay 10 milliseconds 
Phase Linearity + 3% 
Frequency Response 30 eps to 10 ke, + 1.5 db 


Input & Output Impedance 600 ohms 
Normal Input Level + 4dbm 
Maximum Input Level +14 dbm 


Harmonie Distortion Less than 1% at normal input level; 
less than 2% at maximum input 
level 

Greater than 55 db below normal out- 
put of +4 dbm 


Zero db 


Noise and Hum 


Insertion Loss 


* Ordered from Daven Co. 


It was evident in the pre-design stage that a great number 
of sections would be required to achieve the necessary time 
delay. Furthermore, each section would need at least one 
and possibly two inductors. These inductors should be 
toroidal for minimum interaction and stray pick-up. More- 
over, each section would need one or more capacitors of 
modest accuracy. Thus it was manifest even before a design 
was initiated that the equipment would be costly. To fur- 
ther raise the expense, minimum attenuation demanded the 
use of low-loss inductive and capacitive components. This 
obviously directed attention toward a design with a minimum 
number of sections (maximum delay per section) consistent 
with the required linear phase characteristic and bandwidth. 


DELAY LINE DESIGN 


To one acquainted with delay line techniques, it is well 
known that improved phase properties in a delay line accom- 
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Fic. 1. Simplified block diagram of the Becker compatible stereo- 
phonic system. 


pany low-pass filter sections which benefit from mutual 
coupling in the series inductive element. The extent to 
which the delay remains constant with frequency depends 
upon the degree of coupling. 

Fig. 2a shows a typical Tee section with coupling between 
the inductors. The equivalent circuit of Fig. 2a is shown 
in Fig. 2b and is seen to be a series-derived m type low-pass 
filter. A. H. Turner® has presented the delay characteristics 
of several such sections which are redrawn here in Fig. 3. 
In addition, Turner suggests a combination of Tee and 
Bridged-Tee sections for nearly constant delay up to ap- 
proximately 90% of the cut-off frequency. Furthermore, the 
delay per section of the circuit configuration proposed by 
Turner is greater than for conventional Tee sections. 


L 


=) o=— 


Cc 
‘ae 
(b) 


Fic. 2. Tee section with inductive coupling and related equivalent 
circuits. 


2A.H. Turner, RCA Review, 10, 447-489 (1949). 
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Let us consider for a moment the phase shift through a 
single section. 
For a low-pass Bridged-Tee, (see Fig. 4) 
B= 2 tan* {m (w/w), [1-(o w-)*|} (1) 
For a low-pass Tee, 
8 = 2 sin" {m (w/o,)/[1—(1—m*) (w/o,)*]”}. (2) 
The first derivative of Equations (1) and (2) is the time 


delay, tw, seconds per section, in the frequency domain be- 
tween zero and f,. 


For the Bridged-Tee section, 


dg te 2m {1 ao (w w,)*| ; 
d(w, @-) [1 —(w we)? |? + m*(w w,)* 
For the Tee section, 

2 2m : 
d(w/w,) — {1 —(o ‘we)* |” {1 —(1—m?*) ( w,)* | 
The curves of Fig. 3 were computed from Equations (3) 

and (4). It is evident from these curves that Turner’s cir- 
cuit has much to offer for economy of design. Accordingly, 
it was decided to design and build the delay lines in ques- 
tion on the basis of an equal number of Tee and Bridged-Tee 
sections with m = 1.49. 


Taking the limit of Equations (3) and (4) as o— 0, we 
find 


(3) 


(4) 


tw, = 2m 


To allow a margin of safety, and because it was considered 
unwise to operate close to the cut-off frequency, the pass- 
band limit of 10 kc was taken as 0.7 f,. Thus, 


f- = 10000/0.7 = 14.3 kc 
and 


, = 6.28 *K 14.3 = 89.8 « 10°, 
from which it follows that 


t = 2m/w, = 2.98/89.8 « 10° 
t = 33.2 us/section. 


In order to use an even number of sections to achieve the 
10 millisecond delay required, the delay per section was in- 
creased to 33.33 ps/section. Thus, 


(10 & 10*)/(33.33 & 10°) = 300 sections. 


To determine the constants of the line, we can write from 
basic theory, 


’= tit)* 
and 
Zo = (L/C)” 
from which 
EL =e 
and 
C =a. 


Since Z, is known to equal 600 ohms, 
L= 33.33 & 10° & 600 = 20 mh 


and 


C = (33.33 & 10°%/600 = 0.0555 pf. 
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Fic. 3. Time delay, tw. seconds per section, vs frequency, normalized 
with respect to cut-off. 


Also, from Fig. 2b, 
—M = - [(1—-m*) /4m?| L = [(m*—-1)/4m?] L 
—M = [(1.49?-1)/(4 X 1.49") ] & 20 x 10% = 
2.75 mh. 
The inductance measured from either end of the inductor to 
the center tap is L; + M-—M = L). Or, 
L, = (L/2) - [(m?-1)/4m?| L 
Ly = |(m* + 1)/4m*| L 
and, 
Ly = [(2.22 + 1)/8.88] & 20 K 10% = 7.25 mh. 
Also, 
_M_ [(m*-1)/4m*|L_ m*-1 
~ Ly (Cm? + 1)/4m?] Lm? +1 
K = (2.22 -1)/(2.22 + 1) = 0.379 


The coupling between halves of a toroidal inductor cannot 
easily be adjusted to as low a value as called for above. In 
fact, special additional windings with proper phase and 
coupling are required to effect such a reduction. Rather 
than sacrifice the advantages of a toroidal inductor because 
of its high degree of coupling, a second toroid was added in 
series with the center tap of the first coil. It can be shown 
that this effectively reduces the mutual inductance of the 
main coil. 
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Consider that from either end of the principal coil to its 
center tap the inductance should equal 7.25 mh. This is L,. 
Measuring the coil, however, reveals the inductance is only 
5.4 mh. The addition of a 1.85 mh coil in series with the 
center tap fulfills the requirements for L,;. Fig. 5 shows both 
coils and the overall values of the combinations. 

The Bridged-Tee sections use the same components as 
calculated above, with the addition of a bridging capacitor 
between input and output terminals. The value of this 
capacitor is given in Fig. 4 as C/4m* and is numerically 
equal to 

C; = 0.055 pf/(4 & 1.497) = 0.00625 uf. 


A complete Tee and Bridged-Tee section is shown in 
Fig. 6. 


COMPONENTS 


It is essential that the components for the delay line he 
carefully determined and specified in detail regarding all 
their parameters. While the cost of an individual compo- 
nent for the line may be inconsiderable, the total parts cost 
is not. 

Economy demands a compromise between the quality and 
accuracy that is possible and that which is practical. Speci- 
fications for the coils were therefore chosen as indicated in 
Table IT. 


TaBLe II. Coil specifications.* 


Principal Inductor 
Inductance 
Center Tap 
Self-Resonant Frequency Greater than 200 ke 
Q (at 10 ke) Greater than 135 
Rac Less than 7 ohms 


20 mh + 2% 
+1% 


Auxiliary Inductor 
Inductance 1.85 mh + 1% 
Self-Resonant Frequency Greater than 700 ke 
Q (at 10 ke) Greater than 60 
ee Less than 1.2 ohms 


* Manufactured by Fugle-Miller Labs., Ine. 


A further requirement of the inductors was that they 
contribute an absolute minimum of distortion to the system. 
Any non-linearity, however small, will manifest a consider- 
ably greater total distortion owing to the great number of 
coils in use. It should also be noted that the Q of the coi's 
was measured at a level of 20 mv which is a compromise 
between the approximate operating level and a convenient 
measuring level. The Q at higher levels will be lower. 

At frequencies well above the audio spectrum, the value 
of capacitance for a delay line usually falls into a group 
which can be supplied in a mica or silver-mica type. The 
losses, therefore, are primarily attributed to the coils and 
the attenuation of the line is largely a function of the Q of 
the coils. 

At audio frequencies, the required capacitance is too great 
to allow the use of mica capacitors. Paper capacitors, how- 
ever, with typical power factors of 1% (Q= 100) have 
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Fic. 4. Bridged-Tee section with inductive coupling and a related 
equivalent circuit. 


losses which are comparable to that of the coils. Fortu- 
nately, low-loss capacitors in the values required are avail- 
able at reasonable cost with a number of different dielectrics. 
The capacitors selected are listed in Table III. 


TaBLe IIT. Capacitor specifications.* 


Principal Capacitor 
Capacitance 0.055 wf + 5% 
de Working Voltage 50 v 

Bridging Capacitor 
Capacitance 0.0062 uf + 5% 
de Working Voltage 100 v 


* All capacitors were Sprague, Type 194P. 


20 mh 
a  * 
3 Rs, 

Ly M M Ly 
hl ——TT “35 -O 
54mh 4.6 mh 4.6 mh 5.4mh 

-46 mh& -M 
7.25 mh 


1.85 mh f Le 


Fic. 5. Equivalent Tee section with an auxiliary 1.85 mh inductor 
connected to the center tap of the main coil to reduce the effective 
coupling. 


FREQUENCY RESPONSE AND EQUALIZATION 


From an impedance matching concept, the arrangement 
of alternating Tee and Bridged-Tee sections for the full line 
is poor. A better arrangement is to cascade all the Tee 
sections and follow them with all the Bridged-Tee sections. 

The measured frequency response of this configuration 
showed that the attenuation increased with frequency to 
such an extent that equalization would obviously be re- 
quired, with consequent amplification, to overcome the 
attendant insertion loss. 

In order to preserve a good signal-to-noise ratio, it was 
decided to split the line into three equal groups, each with 
its equalizer and amplifier. This scheme never allows the 
signal to drop more than about 13 or 14 db before restora- 
tion to normal level. A block diagram of this arrangement 
is shown in Fig. 7. 

The equalizers employed were of the constant resistance 
type and are shown here in Fig. 8. The parameters are cal- 
culated according to standard well-known equations. The 
best reference, unfortunately, is out of print. The design 


0.00625 mfd 
_I¢ 
Wh 
20 mh 20 mh 
o— L—o 
1.85 mh 1.85 mh 
0.0555 mfd 0.0555 mfd 
oO T om *) oO 49 “oO 
"TYPE TEE" "BRIDGED TEE" 


Fic. 6. Complete Tee and Bridged-Tee section. 


equations‘ appear in many engineering texts, however, and 
for the equalizers required by the delay line in question the 
values were computed as follows: 


Ry = 600 ohms 
R, = 2100 ohms 
Rs = 172 ohms 
Cy = 0.014 pf 
Co = 0.033 pf 


These values were trimmed somewhat in individual cases 
to better fit the needs of the line and to improve the equali- 
zation. 

The audio amplifier associated with every 100 delay line 
sections and its equalizer is shown in Fig. 9. The circuit 
shows little imagination, but in spite of its prosaic design its 


% Motion Picture Sound Engineering, (Van Nostrand, New York, 
1938). 

4F. E. Terman, Radio Engineers’ Handbook, (McGraw-Hill Book 
Co., New York, 1943), first edition, p. 244-248. 
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Fic. 7. Block diagram of the complete delay line including equalizers 
and amplifiers. 


operation in the system is quite adequate. The tube is a 
dual triode, type 6587, operating class A, push pull. 

The frequency response of the overall delay line and its 
attendant equalizers and amplifiers is shown in Fig. 10 and 
is seen to be within the required +1.5 db. 

A matter of some interest is the measurement of the time 
delay over the useful frequency range of the line. The time 
delay was determined by measuring frequencies at which 
periodic phase reversals occur. The test circuit is given in 
Fig. 11. The oscillator frequency is set at some low value, 
such as 20 or 30 cycles, and the Lissajous pattern observed. 
The oscillator frequency is then increased until the Lissajous 
pattern closes to a straight line and the frequency, measured 
on a counter, is noted as f;. As the frequency is further in- 
creased, the Lissajous figure »e-opens, expands to a circle, 
then re-closes to a straight line with the opposite slope 
it previously assumed. Call this second frequency fo. 
This process should be continued until the frequency is 
equal to or greater than 10 kc, noting each successive turn- 


O° © O 


Fic. 8. Equalizer circuitry. Values are dependent upon the meas- 
ured response of each group of one hundred sections. 


over frequency as fs, f,, etc. 
quency is given by 


T = n/2f, (seconds) 


The time delay at any fre- 


where, 
T = total time deiay (seconds) 
n = number of turnovers 
Jn = frequency at m turnovers (cps). 


Using this method, the total time delay was plotted against 
frequency and the results are shown in Fig. 12. 


PRECAUTIONS 


The magnetic field of a toroidal inductor is generally 
thought to be totally enclosed, particularly when several 
layers of wire are uniformly wound on the core. A small 
amount of leakage does exist, however, that may be sensibly 
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600 600 
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Fic. 9. Schematic of the amplifiers which overcome the combined 
loss of each equalizer and its associated delay line (one hundred sec- 
tions). 


zero when only a few toroids are juxtaposed but becomes 
appreciable when 600 toroids are placed in proximity. 

The effect of this coupling between coils was evidenced by 
severe amplitude variations in the frequency response start- 
ing at about 5 kc and extending to 10 kc. The peaks oc- 
curred at approximately every 300 cycles and the amplitude 
between maximum and minimum grew to about 5 db. 
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Fic. 10. Frequency response of the complete delay line. 


The coupling was at first thought to be capacitive, but 
interleaving grounded aluminum foil between panels had no 
effect. However, when the thickness of the aluminum shield 
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FREQUENCY 
COUNTER 
Aud!I0 OSC. DELAY LINE > v " 
SCOPE 
T="2t, (SEC) 


WHERE: T+ TOTAL TIME DELAY (SEC) 
N= NUMBER OF TURNOVERS 
{,* FREQUENCY AT M TURNOVER (CPS) 


DOV\VOO/ 


20-30 f, 


Fic. 11. Test circuit for measuring the delay time of the delay line. 


was increased so as to exceed the skin depth at these fre- 
quencies, the amplitude response was smooth, showing the 
coupling to be magnetic.° Therefore electromagnetic shields 
in the form of 1/16 in. aluminum sheets were placed between 
each panel of the delay line. 

Throughout the design it is essential to follow good engi- 
neering practice. Such factors as the Q of the inductors, 
the power factor of the capacitors, the distributed capaci- 
tance of the coils, careful impedance matching, good solder- 
ing technique (there are more than 1800 connections in each 
delay line), the distortion produced by each coil, which 
in the aggregate can generate an intolerable amount of har- 
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Fic. 12. Measured time delay vs frequency over the useful range 
of the delay line. 


5R. E. Lafferty, 1956 IRE Convention Record, Part 6, 151-158 
(1956). 


monic distortion, hum and noise and the linearity of 
the amplifiers and all other engineering parameters, must 
be carefully assigned. A matter of particular importance is 
the ground arrangement in the line. Multiple ground loops 
must be avoided and the ground should follow the sections 
in sequence. A single ground path is essential and to this 
end transformer coupling is used at both the input and out- 
put of each amplifier. 
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A Stereophonic Transmission System for AM Broadcasting 


Joun M. HoLtywoop AND MARVIN KRONENBERG 


CBS Laboratories, Stamford, Connecticut 


The quadrature modulation method of AM stereo broadcasting utilizes normal double sideband 
AM transmission to convey the sum signal, and an added pair of sideband phasors, the sum of 
which is in quadrature with the carrier phasor, to convey the difference signal. The system de- 
scribed here features processing of the (A+ B) and (A-B) channels to insure optimum compati- 
bility and stereophony. The resulting spectrum, effects on existing receivers, and performance of 
stereo receivers designed for the system are discussed. 

The application of this method to a 250 w transmitter and to a high power broadcast trans- 


mitter presented some implementation problems. 
and a description of conversion equipment is given. 


The means of overcoming these are discussed 


INTRODUCTION 


ens work described in this paper had the aim of making 
possible a practical stereo broadcasting means adaptable 
to existing AM transmitters. 

Concepts of stereo transmission methods by quadrature 
modulation date at least as far back as Patent No. 1,608,566 
issued to R. K. Potter on November 30, 1926. A quadrature 
method of radio transmission is also described in the British 
Patent Specification No. 394,325 of A. D. Blumlein, applica- 
tion date December 14, 1931. Nevertheless, a practical 
means of adapting such methods to existing transmitters was 
not available at the start of this project. Moreover, neither 
of these early workers was confronted with the problems of 
spectrum conservation and compatibility with the existing 
receivers to the degree that we are today. 

The recent developments in the art of stereophonic disc 
recording and reproduction have made available to us much 
information about the respective roles of the sum and the 
difference signals in stereophonic transmission. Processing 
of the sum and difference channel information is believed to 
be important in order to minimize distortion in existing radio 
receivers and insure that their performance will be substan- 
tially unaffected. Means of accomplishing this are described. 

At the start of this work, an evaluation of several possible 
methods of stereo transmission was made; the situation was 
re-evaluated during the course of the work. The quadrature 
method is superior in regard to freedom from spurious spec- 
trum emission and potentiality of near-perfect stereo recep- 
tion, and can easily be made acceptable in terms of distor- 
tion in existing radios. 


DESCRIPTION OF QUADRATURE MODULATION 


Fig. 1 shows a phasor diagram of the carrier taken as of 
unit amplitude and “frozen” in its rotation at carrier angular 
frequency ,, two sets of sideband phasors representing am- 


plitude modulation of amplitude 0.4 corresponding to 80% 
modulation by a sum signal, and two sets of sideband phasors 
of amplitude 0.2 corresponding to 40% quadrature modula- 
tion by a difference signal. This is the situation that would 
exist if two oscillators were applied, one to the sum input 
and the other to the difference input. If the angular fre- 
quencies are », and w, respectively, the first two sideband 
phasors rotate in opposite directions at the angular velocity 
ws, With the resultant moving back and forth along the car- 
rier axis in sinusoidal fashion. The second two sidebands 
rotate oppositely at the angular velocity ,, with the re- 
sultant moving up and down sinusoidally at right angles to 
the carrier axis. The tip of the total resultant phasor de- 
scribes a Lissajou figure lying within the rectangular bound- 
ary shown in dotted lines. It is of interest to note that this 
motion is precisely that of the stylus in the groove of a 
stereophonic phonograph disc. 

The first thing to notice is that all the spectral components 
are indicated on this phasor diagram. Those present are the 
carrier, »,, the normal amplitude modulation sideband fre- 
quencies (w, + ,) and (#,—,), and the added quadrature 
sideband frequencies (w, + w,) and (m,.—,). There are no 
spurious frequencies. All components lie within the same 
boundary as for ordinary amplitude modulation, as shown 
in Fig. 2, since wg never exceeds the ordinary applied audio 
frequency, and naturally «, also. 

The second thing to observe is that, in principle, perfect 
stereophonic reception is possible by using synchronous de- 
tection, also known as product detection. With a strong 
local oscillator added to the signal in phase with the carrier, 
an envelope detector would disregard the quadrature com- 
ponents and give an output corresponding to the original 
sum modulating signal of angular frequency »,. With a sec- 
ond strong local source at 90° phase to the carrier, a second 
envelope detector would disregard the components in phase 
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Fic. 1. Quadrature modulation phasor diagram. 


with the original carrier, and give an output corresponding 
to the original difference signal w,. 

If the two audio oscillators were applied with equal am- 
plitudes to the right and left channels rather than to the 
sum and difference, with the gain in the difference channel 
reduced by 6 db, the phasor tip would lie within the diamond 
shaped boundary shown in Fig. 3, describing a flattened 
Lissajou pattern. Actually, the components in usual stereo 
program material are such that neither of these figures is 
produced. With equal gains for sum and difference, the 
actual tendency is for the phasor tip to fall within an ellip- 
tical boundary as shown in Fig. 4, due to the randomness of 
phase and amplitude relations between right and left signals 
and to the probability that sound sources lie somewhere be- 
tween the right and left rather than at the extreme positions. 


EFFECT ON USUAL RADIOS 


Consider an ordinary radio receiver with envelope detec- 
tor for the case where sinusoidal right signal only is applied, 
and sum and difference channels are of equal gain. The 
phasor tip will move sinusoidally along a 45° line, as shown 
in Fig. 5. The envelope detector will give an output equal 
to the phasor amplitude. It can be seen that this does not 
vary sinusoidally, actually going through two minima per 
cycle with a slight rise between. This indicates harmonic 
distortion, mostly second harmonic. Fig. 6 shows the result 
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Fic. 2. Spectrum distribution. 


of Fourier analysis with sideband level set to be equal to 
that for 80% pure amplitude modulation, the difference 
signal then being attenuated 6 db. Distortion is shown as 
a function of difference channel attenuation. Actually, the 
elliptical nature of stereo components in usual musical mate- 
rial gives in effect about 4.5 db attenuation of the difference 
signal, in addition to the 6 db inserted, giving less than 2% 
distortion. Considering that even this peak is statistically 
distributed and rarely reached, effective distortion is much 
less. Measured distortion in the actual transmission checks 
the theoretical data of Fig. 6 rather closely. 


PROCESSING SUM AND DIFFERENCE CHANNELS 


Frequencies below 300 cps are attenuated in the difference 
channel, so that stereo receivers can be used in which these 
components could cause difficulty. 

In any processing of the difference channel, it is necessary 
to keep the delay and amplitude frequency characteristics 
at low levels identical to those of the sum channel, or loss 
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Fic. 3. Phasor tip boundary with oscillators applied to R and L 
inputs. (With 6 db loss inserted in difference channel.) 


of separation results. A difference in gain of 1.75 db or a 
difference in phase angle of 11.4° reduces separation to 
20 db. 

In the experimental transmissions, the high power trans- 
mitter used straight-forward gain reduction of 6 db in the 
difference channel, along with the 300 cps roll-off and limit- 
ing to 6 db below sum signal peaks. The sum channel em- 
ployed a usual limiting amplifier. Other techniques are also 
being explored. 


STEREOPHONIC RECEIVERS 


The present program required stereophonic receivers for 
test purposes, although the emphasis was on transmitter 
rather than receiver development. The first receivers were 
of the synchronous detector type, made only to test out the 
principles. The synchronous detectors were driven at 0° 
and at 90° phase from the transmitter oscillator, bypassing 
a number of problems. True radio receivers were then con- 
structed, incorporating provisions to “squelch” the audio 
system during tuning-in, when the oscillator acts like a beat 
frequency oscillator heterodyning the signal and thus giving 
a whistle. Automatic phase control was also incorporated 
to bring the oscillator into phase with the receiver carrier. 
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A third type of receiver using a different method has since 
been developed, and a number of field test receivers pro- 
duced. These receivers were designed without any attempt 
to obtain utmost simplicity, in order to have receivers for 
test purposes as soon as possible. 

It is apparent from the work disclosed by other organiza- 
tions primarily concerned with receiver manufacture that a 
reasonably priced receiver for this system giving good stereo- 
phonic performance can be produced and that an “economy 
model” giving reasonable performance is also possible. 
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Fic. 4. Phasor tip boundary with typical stereo program. (With 
equal gains in sum and difference channels.) 


ADAPTATION OF A HIGH POWER TRANSMITTER 


Conversion equipment was designed and constructed in 
accordance with the foregoing principles. This equipment 
was tested in conjunction with the 50 kw transmitter of 
station WCBS in New York. 

An important objective in performing this work was to 
adapt the transmitter to this mode of transmission with a 
minimum of modification of existing equipment. Further- 
more, the method was to be universally and economically 
applicable to most modern AM broadcast transmitters. It 
is believed that these objectives have been realized. 


-0.8 
Fic. 5. Phasor tip locus with right signal only. 
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Fig. 7 shows the conversion equipment at the WCBS site, 
housed in a standard enclosed rack. The following units 
comprise the conversion system: 


1. Quadrature Modulator 
2. Equalizer 

3. Monitor 

4. Power Supply 

5. 


Line Filter (RF) 


A block diagram of the complete system is shown in Fig. 8. 
Individual units of the converter, enclosed by the dotted 
line in Fig. 8, are as follows: 


Quadrature Modulator 
Monitor Receiver 
Equalizer 

Delay Line 

Power Supply 


gre eto 


Quadrature Modulator 


The heart of the system, the quadrature modulator, is 
described in Fig. 9. 

The composite signal at A is formed by linear addition of 
three components, i.e. in-phase sidebands (carrying the 
“sum” signal); quadrature sidebands (carrying the “differ- 
ence” signal); and carrier (which conveys reference phase). 

Generation of the in-phase and 90° sidebands is accom- 
plished by two balanced modulators which are respectively 
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Fic. 6. Percent distortion as a function of difference channel attenu- 
ation. 


fed by “sum” and “difference” audio signals. The “carrier” 
is derived from a crystal oscillator operating at the trans- 
mitter frequency, in this case 880 kc. 

The composite signal at A in Fig. 9 contains at low level 
all the information necessary to transmit two separable 
channels of information within the confines of an AM broad- 
cast allocation. When stereo information is transmitted the 
composite signal contains simultaneous phase and amplitude 
variations. In order to apply this signal to the transmitter, 
the composite signal is split into two parts, one containing 
only the phase variations and the other only amplitude 


3 
a 


|_| ee 
; vari: 
Fig. 
: its © 
| is fe 
of tl 
: T 
pon 
mitt 
amp 
: appr 
F 
twe 
= 
Be 
qua 
| wt 
. ‘ano 
pl 
E 
& 
: } 
TESS | 
, @ 
¥ 
+0.8 
ry git 
A 
a ee 
we | ( 
z 
ON at 
an 
a 
aa 
Pa 
0 e— 1.0 
’ 
* 
\ 
% 
\ 
§ » 
\ 
\ 
S| | 
ph 


its 


co 


nu- 


oe, 


A STEREOPHONIC TRANSMISSION SYSTEM FOR AM BROADCASTING 143 


variation. The phase modulated output appearing at B of 
Fig. 9 is fed to the RF input of the transmitter in lieu of 
its original crystal oscillator, and the audio component at C 
is fed to the audio input terminals of the transmitter in place 
of the normal monaural audio connection. 

The phase-modulated components and the amplitude com- 
ponents thereby follow separate paths through the trans- 
mitter; they are recombined in the high level modulated 
amplifier to produce a signal which is a replica of that which 
appears at A in Fig. 9, but at the required 50 kw level. 

For proper recombination, relative gains and delays be- 
tween the RF and audio signal paths have been equalized for 
modulation frequencies from 300 cps to 10 kc. Insertion of 
a 4 psec delay line in the RF section has been found ade- 
quate; however, the magnitude and law of variation of delay 
vs modulation frequency may vary from one installation to 
another. 
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Fic. 7. Equipment installed at WCBS for conversion to stereo- 
phonic operation. 
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SHOWN IN PHOTOGRAPH 


Fic. 8. Conversion system block diagram. 


AUDIO EQUALIZER 


The function of the equalizer is to roll off the response of 
the difference channel below 300 cps at the rate of about 6 
db per octave, but to maintain similar phase and amplitude 
response characteristics between “sum” and “difference” 
channels within the 300 cps to 10 ke pass band. 

The effect of this modification of “sum” and “difference” 
signals is to limit transmission of phase modulation (stereo) 
to frequencies above 300 cps. Frequencies lower than 300 
cps are believed not to contribute appreciably to the sense 
of stereophony. Elimination of phase modulation at ex- 
tremely low frequency rates eases the burden on circuitry 
for certain types of receivers which may be used with this 
system. 


MONITOR 


Included as part of the conversion is a means for monitor- 
ing and evaluating the full capabilities of the system. The 
monitor receiver is an ideal form of stereo receiver, consisting 
basically of two synchronous detectors and a matrix (Fig. 
10). The reference signal for the synchronous detectors is 
obtained by sampling the crystal oscillator in the Q modu- 
lator. “Left” and “right” outputs are fed remotely to a 
stereo amplifier and speakers at a point that is acoustically 
suitable for subjective monitoring of the test transmissions. 


PERFORMANCE CHARACTERISTICS 


Measurements of the conversion indicate overall system 
left-right separation capability of better than 30 db in the 
500 cps to 7.5 ke range, with slightly poorer separation at 
300 cps and 10 kc. Separation is measured by comparing 
signals at the left/right output terminals of the monitor 
receiver with the left/right inputs of the transmitter. 

Although some distortion is theoretically present during 
maximum stereophonic modulation, it has been found that 
the incidence of these peaks is infrequent enough to provide 
a subjectively distortion-free signal. During these tests the 
difference channel gain has been set 6 db below that of the 
sum channel as a further safeguard against distortion. 

The “sum” and “difference” limiting amplifiers are set to 
provide approximate tracking of the limiting action on these 
two channels for average program material, at the same time 
providing normal protection against overmodulation and also 
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Fic. 9. Quadrature modulator. 


holding the maximum difference signal to approximately 6 db 
below the maximum sum signal. 

The transmissions have been strictly experimental, so that 
such provisions are subject to change during the course of 
further experimentation. 
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Fic. 10. Monitoring receiver. 
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The Electrostatic Earphone” 


WaLter T. SELSTED 


Ampex Corporation, Redwood City, California 


The construction of a pair of electrostatic earphones is described. The most unique character- 
istics of such a device are the sound reproduction quality and the acoustical transparency. 


eo success of electrostatic speakers has been quite varied 
over the past years and it was thought worthwhile to see 
if something could be done to reproduce recorded reproduced 
signals so that people could hear what was really on the tape. 

Some months back an investigation of the various prin- 
ciples of acoustical transducers was started to find a better 
way of reproducing sound. A considerable amount of time 
was spent on the study of electrostatic transducers. A num- 
ber of commercial electrostatic transducers have been 
brought out and have, for the most part, been short-lived. 
Some of them have been more or less satisfactory, but in 
general they have been unsatisfactory. The various causes 
for this lack of acceptance soon became apparent, but the 
possibility existed that in spite of the known deficiencies 
which made the electrostatic devices undesirable for loud- 
speakers, this could be a technique for earphones which 
might offer some advantages. 


Upon investigating the possible uses of earphones several 
things become apparent rather quickly: (1) basically, a 
better frequency response could be obtained over the entire 
radio spectrum; (2) the earphones could be made extremely 
lightweight; (3) most interestingly (from our point of view), 
the earphones could be made acoustically transparent: when 
the earphones were in place the listener could hear the re- 
corded signals as well as what was going on in the surround- 
ing area. 

One important characteristic of earphones is that they can 
keep out undesirable sounds, but in certain cases there are 
advantages in having the external sounds audible, particu- 
larly in the case where one is listening for entertainment 
value; in this case, the listener can get away from the feeling 
of claustrophobia which some seem to experience when wear- 
ing headphones. The listener is able to hold a conversation 
with others in the same room without shouting and still have 
background music audible only to him. 

As a result of the above considerations a pair of phones 
was constructed as illustrated in Fig. 1. 


Fig. 1 shows a cross-section of the phone which was built 


* Presented March 1960 at the Convention of the Audio Engineering 
Society, Los Angeles, California. 


most recently. (An earlier phone, made six to eight months 
ago, was actually identical in principle but differed in detail.) 
Shown in the cross-section is a piece of sealed polyurethane 
foam (the cells are virtually air-tight from one to the other) 
which is used as an ear cushion to make an essentially air- 
tight seal with the ear. There are two perforated metal 
plates used as the stationary electrodes. The hole size in 
the electrodes is not very critical, but the holes are 70 per- 
cent of the total area. The diaphragm between the per- 
forated electrodes is a thin piece of plastic film. Immedi- 


PERFORATED METAL 
ELECTRODES DIAPHRAGM 


FORMED PLASTIC 
EAR CUSHION 


PERFORATED METAL 


BACK COVER DAMPING MATERIAL 


Fic. 1. Cross section of electrostatic earphone. 


ately adjacent to the above there is some damping material, 
and outside of that is another panel with holes which merely 
confines the damping material. The diameter of the assem- 
bly is about typical of an ordinary set of headphones, while 
the opening in the middle through which sound passes is 
slightly over one inch. The two perforated plates and the 
diaphragm are the three electrically connected elements. 

In order to design this device the classical analog system 
of equivalent circuits was used wherein force is represented 
by voltage, velocity by current, mass by inductance, and 
compliance by capacitance. The two equations which fol- 
low give the relationships which must be considered: 

(1) Z mechanical = A*Z acoustical (where A is the area 

of the diaphragm). 

(2) Z electrical = Z acoustical & 12.8 * 10° & d*/V*. 
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Values shown are referred to the electrical terminals E and expressed 
at 1000 cycles. Note that one capacitor is negative. The units are 
electrical megohms. E’ is analogous to sound pressure. 


Fic. 2. Equivalent circuit of electrostatic earphone. 


In the latter case, d is the distance between the diaphragm 
and either electrode in cm, and V represents polarizing volt- 
age. Now one can see the relationship between Z electrical, 
acoustical and mechanical. In the equivalent circuit (Fig. 
2) the elements are in series in the circuit if they “see” the 
same velocity, and elements are in parallel in the circuit if 
they ‘see’ the same force. Now the different elements that 
come into the picture are: the cable capacity in the leads 
from the amplifier; the electrode capacity which is the ca- 
pacity between the stationary plates; the back radiation 
which is the radiation of energy from the back side of the 
diaphragm into the air; the damping element which is ab- 
sorbing material, and in this particular case equivalent to 
about 1500 ohms. The mass of the diaphragm and the mass 
effect of the perforations are “lumped,” in that the air that 
is in the tiny holes is treated just as though it were addi- 
tional diaphragm mass. The three elements can be lumped 
together as one—the holes on one side, the diaphragm and 
the air in the holes on the other side. The diaphragm ten- 
sion and electrode attraction are capacitive elements. The 
tension is represented as —J because it is in the opposite 
direction from the force produced by the polarizing voltage 
on the diaphragm. The leak of the ear cushion is repre- 
sented as shown; it is necessary to have a leak of small mag- 
nitude so that the air which is trapped between the ear and 
the diaphragm will not push the diaphragm against one of 
the stationary plates and thereby permanently short-circuit 
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Fic. 3. Electrostatic earphone preamplifier. 


WALTER T. SELSTED 


it. This leak has a time constant of about 1 second, which 
allows the air to leak out and equalize the pressure when the 
headphones are first placed on the listener’s head. The 
volume of air trapped between the diaphragm and the ear 
is represented by the ear and phone volume. The values of 
the different components are all referred to the terminals 
at the input and are expressed in terms of meg at 1000 cps. 
When the performance of this circuit vs frequency is calcu- 
lated, the results are as shown in Fig. 4. 


Fig. 3 shows one of the ways devised to drive such head- 
phones. The figure shows an amplifier for one channel of a 
stereo pair. The side toward the ear is at ground potential, 
both ac and dc. The diaphragm is supplied with 700 v of 
dc bias, with 5 to 10 meg in series, thus making it safe at 
that connection. The plate of the amplifier is coupled 
through a condenser to the outer perforated electrode. This 
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Fic. 4. Electrostatic earphone response. 


electrode is shielded by the damping material and the me- 
chanical protecting plate on the outside of the phone which 
is also grounded. As a result, all of the dc and ac are 
trapped within two grounded surfaces and the danger of 
shock is very small. The amplifier itself is a straight- 
forward ac amplifier with feedback and with some equaliza- 
tion which will be explained later. The use of a push-pull 
transducer as contrasted to a single-ended one provides 
greater stability of the diaphragm and reduces second-order 
distortion products. The diaphragm material in this appli- 
cation, as in the construction of electrostatic speakers, is 
very important. The constant charge diaphragm technique, 
using a high-conductivity material that has been used for 
a number of years in electrostatic:speaker devices, has been 
carried one step further and the diaphragm material was 
made only slightly conducting. The conductivity is approxi- 
mately 10’ ohms square (i.e., it is almost an insulator). 
Since the area to which the diaphragm is connected at the 
edge of the phone is at the bias potential, the charge will mi- 
grate out into the center area of the diaphragm making a 
uniform charge throughout. The time constant of charge mi- 
gration to and from the center of the diaphragm, however, is 
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THE ELECTROSTATIC EARPHONE 


long compared to the actual time the diaphragm is displaced; 
as a result, there is virtually a constant charge throughout 
the operating cycle. The other advantage is that if the dia- 
phragm should move far enough to hit one of the stationary 
electrodes there will be virtually no objectionable noise pro- 
duced, nor will there be any appreciable change in the op- 
eration of the phones to bother the listener. There is a 
slight change in amplitude for a moment, but there is no 
audible click produced by discharging the small area of the 
diaphragm that actually touches the stationary plate. 

In Fig. 4 the solid line shows the calculated performance 
of the earphones with certain assumptions. The drop-off at 
the low frequency end, 4 db at 30 cps, is due to the leak in 
the foam ring which contacts the head. In the model con- 
structed this leak was so slight that the response was down 
only 1 db at 20 cps. The bump at 70 cps resulted because 
it was assumed that the foam would have a reactive compo- 
nent that would be tuned by the other capacitive reactances 
in the system. This assumption was found to be incorrect 
in actual practice and is non-existent. The damping effects 
at high frequencies are also shown in Fig. 4. Without any 
damping the response would appear as in Curve No. 1. This 
is the resonance of the mass of the diaphragm and the air 
cavity between the diaphragm and the ear. The 9 cc volume 
resonates at about 6,000 cps, but with damping the response 
is more like that which is demonstrated in Curve No. 2. 
With the equalization circuit used in the amplifier the re- 
sponse is as shown in Curve No. 3. The response can be 
made as flat as desired by more care in the equalization. A 
big problem is that of getting a response measurement that 
is meaningful, since in use there is a large variable due to 
the particular ear to which the earphone is coupled. 

Subjectively, the phones perform very well. The freedom 
from frequency and harmonic distortion is very apparent in 
the pleasing reproduction afforded. In a direct comparison 
test, with reproduction from a very high quality stereo 
speaker system compared to the phones, the performance of 
the phones is most obvious. The better characteristics are 
noticed particularly in the superior articulation and lack of 
listening fatigue. The transparent characteristic seems to 
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have some effect upon the fatigue factor, as there is no feel- 
ing on the part of the listener that he is enclosed in a box 
while wearing the phones. 
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Stereophonic Earphones and Binaural Loudspeakers* 


B. B. BAUER 


CBS Laboratories, Stamford, Connecticut 


Stereophonic sound is recorded for reproduction over spaced-apart loudspeakers. When ear- 
phones are substituted for loudspeakers the stereophonic space perspective is incorrectly portrayed. 
This paper describes two electrical networks which allow earphones to be used in place of loud- 
speakers without substantial loss of space perspective. One of them is designed to work from low 
impedance sources and feed into high impedance earphones. The second, which is a dual of the 
first, is more suited to medium impedance sources and low impedance earphones. 

It is pointed out that these networks can also be used to convert a binaural program for repro- 
duction over a stereophonic loudspeaker system. This is done by reversing the phase of one amplifier 


channel and of the corresponding loudspeaker. 


INTRODUCTION 


TEREOPHONIC sound is recorded for reproduction over 
spaced-apart loudspeakers. When earphones are substi- 
tuted for loudspeakers the stereophonic space perspective is 
distorted. This paper describes two electrical networks 
which allow earphones to be used in place of loudspeakers 
without substantial distortion of space perspective. 


BINAURAL VS STEREOPHONIC SYSTEMS 


To bring the problem into sharper focus, the difference 
between a binaural system and a stereophonic system is 
shown in Fig. 1. In the binaural system, at left, two pres- 
sure responsive microphones are placed about 8 in. apart 
on a dummy head or baffle, at A. The microphones are con- 
nected through suitable lines and amplifiers to correspond- 
ing earphones worn by an observer at a remote location, B. 
The sounds from a performer at the extreme left, for exam- 
ple, reach the microphones at unequal times, and this is por- 
trayed on the upper phasor diagram by the sound pressure 
L leading the sound pressure R by a corresponding phase 
angle @. At the same time, the magnitude of L is apt to be 
somewhat larger than that of R because of the baffle effect 
of the head. It should be noted that the Z and R phasors 
portray correctly the relationship between sound pressures 
that would have been experienced by an observer located at 
A. The microphones produce voltages which correspond to 
L and R, and these voltages (after suitable amplification) 
produce corresponding pressures L and R at the observer’s 
earphones at B. Thus, leaving aside the question of freedom 
of head .notion and front-rear recognition, the observer at 
B receives an identical sound pressure pattern as if he had 
been located at A. 


* Presented at 1960 Spring Convention in Los Angeles and at 1960 
Fall Convention of the Audio Engineering Society in New York. 


The stereophonic transmission system might be of the 
type shown at right in Fig. 1. In this particular system 
several microphones are placed near the performers in a 
broadly spaced array and are suitably distributed between 
the two transmission channels. Again, for example, con- 
sider the performer at the extreme left. The left channel 
will carry most of the signal LZ and the right channel signal 
R will approach zero. At the observer location B, sounds 
will emanate predominantly from the left loudspeaker, and 
therefore a similar press*re pattern will be produced at the 
ears of the observer as 1. 1e had been located at A, except 
for the added reverberation at the listener location B, which 
is assumed to be small.! 

In comparing the three phasor diagrams, it becomes clear 
that each of the resulting pressure-phasor relationships is 
just what is required for the correct perception of direction 
for the particular performer being considered. These de- 
sired relationships are obtained when earphones are used in 
a binaural system or when spaced-apart loudspeakers are 
used in a stereophonic system. The above analysis may 
be proven to hold similarly for other performers in the array; 
it may also be proven to hold for the “Stereosonic” and M-S 
systems of microphones sometimes employed in stereophonic 
recording. 

An important observation here is that proper space per- 
spective requires a precisely determined cross-feed between 
the two ears. With the binaural arrangement this occurs 
at the microphones in the dummy head. With a stereo- 
phonic arrangement it occurs at the observer’s ears. 


INTERCHANGING LOUDSPEAKERS AND EARPHONES 


We will now examine what happens when spaced-apart 
loudspeakers are used with a binaural program, or when 


1 The author is indebted to Professor F. V. Hunt of Harvard Uni- 
versity for his observations relating to this reverberation problem. 
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Fic. 1. Binaural vs stereophonic system. 


earphones are used with a stereophonic program. The 
former instance is shown at the left in Fig. 2. The micro- 
phones of the dummy head send signals of appropriate mag- 
nitude and phase position as before, but now each loud- 
speaker in turn produces its own pressure pattern at the ears 
of the observer. Starting with the left loudspeaker, the left 
and right ear pressures will be L; and R, respectively. The 
right loudspeaker produces pressures R, and L,. Adding up 
the two corresponding pressure phasors, it is seen that the 
total left phasor L leads the total right phasor R by a very 
small angle y, and in addition R is now larger than L. These 
two effects will be somewhat compensatory and as a result 
the observer will perceive a virtual image practically di- 
rectly midway between the loudspeakers. Therefore, if 
loudspeakers are used for reproduction of a binaural pro- 
gram, much if not all of the directional information is lost. 
This is because of the existence of a double cross-feed, one 
at the microphones and the other at the loudspeakers. 


x) xX KX K XK x) X K XK XK 


Fic. 2. Incorrect perspective resulting from use of loudspeakers with 
a binaural program and earphones with a stereophonic program. 


In the stereophonic case, using earphones at right, since 
only the left signal L is present sound pressure is developed 
in the left ear of the observer only. This is a most unusual 
type of sensation which has no counterpart in real-life hear- 
ing situations, except when the observer places his ear very 
close to or directly against a source of sound. Stereophonic 
programs heard in this manner provide the sensation that the 
extreme left or right sounds originate directly outside the 
observer’s ears, resulting in a gross distortion in space per- 
spective. The reproduction is almost bizarre, with a sensa- 
tion that the various instruments form a “musical hat” on 
the observer’s head. 

This, evidently, is caused by the lack of suitable cross- 
feed between the two ears. 


STEREOPHONIC EARPHONES 


To design a suitable cross-feed network for earphones, we 
begin by inquiring into the pressure distribution which oc- 
curs at the left and right ears from the loudspeakers in a 
stereophonic reproducing system. Weiner* has obtained the 
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Fic. 3. Relative response for the nearest and the farthest ears for 
45° incidence (from Weiner). 


applicable pressure distribution during his studies on the 
diffraction of sound around a human head, and from his 
data we have constructed the relative left and right pressure 
functions for loudspeakers placed at a 45° orientation with 
respect to the observer; shown in Fig. 3, with the “head-on” 
(0°) function shown as relatively “flat.” For the sounds 
arriving from the left loudspeaker, the pressure L increases 
from a relative 0 db at 200 cps to an average of about 5 
db at 3 kc, while the right pressure drops to an average of 
—10 db in the same interval. 

Obviously a similar situation exists with respect to sounds 
originating from the right loudspeaker if the L and R curves 
are reversed. As to time delay data, which Weiner does not 
give, an assumption is made here that the delay corresponds 
to a 5.5 in. projected distance, which is equivalent to 0.4 ms. 
Above | kc stereophonic perception appears to be a function 


2 Francis M. Weiner, “On the Diffraction of a Progressive Sound 
Wave by the Human Head,” J. Acoust. Soc. Am., 19, 143-146 (1947). 
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STEREOPHONIC PROGRAM 


Fic. 4. Circuit for high impedance stereophonic earphones. 


of relative intensity, and small values of delay do not ap- 
pear to have special significance. 

The next step is to design a symmetrical network inter- 
connecting the two earphones that will cause the prescribed 
amount of signal modification and cross-feed delay between 
the right and left signals. One such network which is mod- 
erately simple and quite effective was developed using the 
CBS Laboratories analogy computer, and it is shown in Fig. 
4. The program sources E, and E,, as well as the ear- 
phones, are connected in a series-additive mode, so that in- 
phase signals will produce in-phase pressures from both 
earphones. The network, with the circuit values shown, is 
designed for operation from low impedance program sources 
(say, 4 ohm or less) and to feed high impedance earphones 
(say, 2,000 ohm or more). Similar networks may be de- 
signed for other values of amplifier or earphone impedance. 
For low impedance earphones, the dual of the above circuit 
shown in Fig. 5 is more conveniently used. It should be 
noted that here the earphones, as well as the amplifiers, are 
connected in a parallel-additive mode. 

The electrical performance of the networks is shown in 
Fig. 6. The curves from Fig. 3 have been transferred here 
in dotted lines to indicate a “design objective.” The actual 
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EARPHONES (LOW 2) 
(52 or tess) ~C) 


Fic. 5. Circuit for low impedance stereophonic earphones. 


transmission and delay of the networks is given in solid lines. 
The delay time is well achieved up to 1 kc, which is the fre- 
quency range where delay is most effective. Above 1 kc the 
amplitude function is most important, and it is moderately 
well duplicated. A more complicated network could have 
been devised to better follow the prescribed functions. How- 
ever, the additional complexity did not appear to be war- 
ranted in view of the considerable deviation in the data from 
one observer to another reported by Weiner. 

It should be noted that with two identical L and R (i.e., 
center) signals these networks will provide a “flat” trans- 
mission characteristic, corresponding to the 0° incidence re- 
sponse in Fig. 3. 

Actual listening tests using these stereophonic earphones, 
against a stereophonic loudspeaker system, have shown a 
satisfactory match in performance. A precise A-B test, of 
course, could not be made since one had to remove the ear- 
phones to listen to the loudspeakers and vice-versa. How- 
ever, the experimental arrangement included a switching 
system which allowed the earphones to be disconnected and 
the loudspeakers to be switched on when the observer lifted 
the earphones from his ears. A remarkable similarity of 
space perspective was noted in this manner between ear- 
phones and loudspeakers. 
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Fic. 6. Performance of circuits in Figs. 4 and 5 vs the design speci- 
fications (Fig. 3). 


BINAURAL LOUDSPEAKERS 


It may be pointed out that this study also helps solve a 
converse problem: how to properly reproduce a binaural pro- 
gram over a stereophonic loudspeaker system. Just as to 
convert from stereophonic to binaural program a certain 
amount of cross-talk of appropriate amplitude and phase 
has to be provided from each channel to the other, so it 
would seem that to convert from binaural to stereophonic 
program a similar amount of cross-talk must be eliminated 
from each channel. This operation may be performed with 
similar networks, but with the phase of one channel re- 
versed. As an example, in Fig. 7 the network of Fig. 4 is 
shown again, but here the two binaural channels are con- 
nected in a parallel additive (series subtractive) sense and 
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BINAURAL PROGRAM 


Fic. 7. Circuit for binaural loudspeakers. 


the loudspeaker polarity is appropriately reversed so as to 
reproduce in-phase signals in an additive manner. This 
scheme might be useful, for example, if one attempted to 
convert a program previously recorded binaurally for stereo- 
phonic reproduction. 

If one were to assume that the output-voltages e, and e, in 
Fig. 4 are equivalent to the voltages produced in a binaural 
microphone system, then relative to the voltages E, and E, 
in a stereophonic system, 

(1) e = K,E,+ Ky Ep 

(2) e- = K, E,+ KoEg 

where the K’s are a function of impedance elements. If 
e, and e, are introduced in place of the voltages E, and E, 
in Fig. 7, the two outputs into the loudspeaker amplifiers 
will be 

(3) e;) = Ky (K, Ey + Ky Ep) — Ko (Ky Ex + 

K, Ex) = (K,* — Ky") Ex 
and 

(4) e,’ = (K,* - K*) Ep. 

Therefore e,’ and e,’ will be free of cross-talk from the oppo- 
site channel but will require a complex multiplicand 1/(K,*- 
K,*) for proper operation. This hypothesis has not been 
subjected to an experimental verification. 


CONCLUSION 


In conclusion, networks have been developed which allow 
for correct space perspective to be obtained with binaural 


earphones when listening to a stereophonic program. One 
of the networks is designed to work from low impedance 
sources and feed into high impedance earphones. A second 
network, which is a dual of the first, is more suited to high 
impedance sources and low impedance earphones. It is hy- 
pothesized that similar networks might be usable for listen- 
ing to a binaural program over a stereophonic loudspeaker 
system. 
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A High Sensitivity Power Pentode Using the 
“Shadow Grid” Technique” 


J. W. TrauTWEIN anv C. D. McCoo 
General Electric Company, Owensboro, Kentucky 


Using an old idea, the Shadow Grid technique, and applying it to a new tube design, an audio 
power pentode, a tube with very desirable characteristics was obtained. Following the introduction 
of the 6FG5 Shadow Grid pentode, a logical extension of the low screen current advantages of this 
construction was to incorporate it in a power pentode for audio applications. Because of the unique 
field configuration it is possible to obtain substantial plate current and power output with a high 


turns-per-inch control grid, leading to extremely high values of power sensitivity. 
With suitable shielding to reduce interelectrode capacitances, this same design may also be 
adapted to perform vertical output and video amplifier functions in television applications. 
Characteristics and construction of an experimental pentode are given, with typical output and 
distortion figures. Featuring very low audio input drive voltages, this new design may in many 
cases permit a reduction in the number of amplification stages required. 


INTRODUCTION 


UBE designers, in dealing with power output pentode 

tubes, are continually striving to increase efficiency by 
decreasing internal tube losses. This is to the advantage of 
the circuit designer in that less power is wasted in the cir- 
cuit, making cost savings possible in some instances. Fewer 
amplification stages may be necessary in some circuits if 
more power output is available for a given power input. The 
“Shadow Grid” technique has been used to design a power 
pentode which exhibits high power sensitivity and low screen 
current. To the circuit designer this means better tube effi- 
ciency with lower signal drive voltage requirements. 

In conventional power pentode tubes screen dissipation 
may be reduced in several ways. These include: fewer lat- 
eral turns on the screen grid, decreased diameter of the 
lateral wire on the screen grid, or placement of the screen 
grid lateral a greater distance from the cathode. However, 
these modifications change the electrostatic field in such a 
manner as to also reduce the plate current, resulting in lower 
power output and/or less power sensitivity. 

The development of alignment type power pentodes, with 
the control grid lateral wires aligned with the screen grid 
lateral wires, produced tubes which have low screen dissipa- 
tion and high plate current. However, in order to properly 
align the grids, the turns per inch (TPI) of the grids must 
be kept low. This limits the control grid to low turns-per- 
inch, thus lowering power sensitivity, raising power input 
drive signal requirements, and raising the cutoff voltage of 
plate current. 

In order to have a higher TPI (such as 75 TPI) control 


* Presented October 12, 1960 at the Twelfth Annual Convention of 
the Audio Engineering Society, New York. 


grid but a low TPI (such as 30 TPI) screen grid which is 
shielded from the cathode, a third grid may be placed be- 
tween the control grid and the screen grid for the sole pur- 
pose of shielding the screen grid. This technique, called the 
“Shadow Grid” method, has been used before on such tubes 
as the 6FG5, an RF tuner tube made by the General Elec- 
tric Company. However, this is the first time, to the author’s 
knowledge, that the “Shadow Grid” technique has been used 
in a power output pentode. This developmental type has 
been assigned the designation Z-2570-3. 


OBJECTIVES 


The low screen dissipation obtained by shielding the screen 
grid plus the high power sensitivity obtained with the high 


aed 


Fic. 1. Internal mount assembly of the Z-2570-3 Shadow Grid 
power pentode tube. 
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TPI of the control grid makes the Z-2570-3 ideally suited for 
use as an audio amplifier. The reduction of screen dissipa- 
tion results in smaller internal losses making the tube more 
efficient. The low screen dissipation also makes this tube 
more reliable since the chances of distorting the screen grid 
due to overheating during operation are reduced. 

The higher power sensitivity means less power input signal 
drive is required for a given output. The high TPI of the 
control grid makes the cutoff voltage for plate current low. 


DESIGN 


Figs. 1, 2, and 3 illustrate the design of the Z-2570-3; its 
principle is shown in Fig. 4 which depicts the electron flow 
from cathode to plate. Theoretically it would be desirable 
to have no screen current, but in practice the screen current 
can only be kept low, since there are random electrons that 
strike the screen grid. The shield-grid-to-screen-grid spacing 
must be small in order to get good shielding of the screen 


TERMINAL CONNECTIONS 


PIN 1 - NO CONNECTION 

PIN 2 - CATHODE 

PIN 3 - GRID NO! (CONTROL GRID) 
PIN 4 ~ HEATER 

PN 5 - HEATER 

PIN 6 - GRID NO3 (SCREEN GRID) 
PIN 7 - PLATE 


PIN 8 - GRID NO.2 (SHADOW GRID) & 
BEAM PLATE 


PIN 9 - GRID NO.3 (SCREEN GRID) 
Fic. 2. Basing diagram for the Z-2570-3 Shadow Grid tube. 


grid. This permits the screen to be located closer to the 
cathode which increases the perveance of the tube. 

The Z-2570-3 uses larger lateral wire on the screen grid 
than does the 6BQ5 (a conventional power pentode). This 
is possible because of the shadowing effect of the shield grid 
in the Z-2570-3. Without the shielding grid inserted in this 
tube the screen dissipation would be very high since the 
large wire would attract many electrons. A good compari- 
son of the dissipation a screen grid can withstand is to com- 
pare how many watts it dissipates before the lateral wire 
becomes visibly red. The Z-2570-3 screen grid dissipates 
3.5 w and the 6BQ5 dissipates 2.0 w before becoming red. 
This means that the Z-2570-3 can withstand much more 
screen dissipation than the 6BQ5 without damage to the 
screen grid. Also, the Z-2570-3 screen grid is not as likely 
to be distorted or bent during mounting of the structure 
since it is stronger physically. 

A beam plate was incorporated in this tube to reduce 
secondary emission. A plate family is shown (Fig. 5) for 
a tetrode construction in which the dip caused by secondary 


CATHODE 
CONTROL GRID 


SHIELD GRID 
SCREEN GRID 
BEAM PLATE 
PLATE 
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Fic. 3. Shadow Grid tube layout. 


LI 


emission is evident. Fig. 6 shows a plate family for the 
Z-2570-3 with a beam plate inserted. The secondary emis- 
sion in this plate family is negligible. The beam plate also 
acts as a shield between the plate and the other elements of 
the tube, thus lowering interelectrode capacitances. 

The plate is made of copper-cored aluminum-clad iron, a 
special plate material developed to withstand high plate 
dissipations. The maximum plate dissipation rating of the 
Z-2570-3 is 13 w. This dissipation rating is conservative, 
thus reducing the possibility of evolving gasses from the 
plate and damaging the tube. 

The Z-2570-3 was made with conservative dissipations per 
element so that longer life might be expected from this tube. 


PERFORMANCE 


The best way to determine the performance of a newly 
designed tube is to compare it with the known performance 
of a conventional tube having the same power input values 
and the same general construction. Below the average char- 


CATHODE 
CONTROL GRID 
SHIELD GRID 


SCREEN GRID 
PLATE 


Fic. 4. Electron flow in Shadow Grid tube. 
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PLATE VOLTAGE IN VOLTS 
Fic. 5. Tetrode characteristics for Z-2570-3 with beam plate omitted. 


acteristics of the Z-2570-3 are compared with the average 
characteristics for a conventional power output pentode, the 
6BQ5. The 6BQ5 was picked for comparison since ratings 
and physical size are similar to the Shadow Grid tube. 


Average Electrical Characteristics 


(Z-2570-3) (6BQ5) 
**Shadow Grid’’ Tube Conventional Tube 

Sm 15000 10700 umho 
Ip 48 48 ma 
Ig2 2.5 5.8 ma 
Proyiate (aicsipation 12.0 12.0 w 

screen (dissipation) 0.63 1.45 w 
Egco —16 —23 v 
Cglp 0.10 0.4 pf 
Cin 15.0 10.8 pt 
Cout 5.8 6.5 pf 

Test Conditions 

Eb1 250 250 v 
Eg2 250 250 v 
Eg1 -5.5 -7.3 v 


R, 5000 5000 ohm 


A comparison of ratios is one method of determining the 
merits of a power output tube. The ratios below should be 
as high as possible to get the best power output tube. 


Shadow Grid Tube Conventional Tube 


Ip/Ig 
Sm/Ip 


48/2.5 = 19.2/1 
15000/48 — 312/1 


48/55.8 — 8.3/1 
10700/48 = 224/1 

The /p/Ig2 ratio should be high so that only a small 
amount of power will be wasted in screen dissipation. Screen 
dissipation must be kept low, also, to assure long life and 
good reliability. If the screen grid runs hot it tends to be- 


come distorted and produce a short, contaminate the cath- 
ode, or cause interelectrode leakage with sublimation prod- 
ucts evolving from the grid. 

The Sm/Ip ratio is a measure of the power sensitivity of 
the tube. The more power sensitivity, the lower audio input 
drive voltages are necessary for the same power output. 


AUDIO APPLICATIONS 


In Fig. 6 a plate family was shown for the Z-2570-3. In 
order to exemplify the good plate-current-to-screen-current 
ratio of the “Shadow Grid” tube, a comparison of zero bias 
plate and screen currents with a 6BQ5 is made in Fig. 7. 
This greater plate-to-screen ratio makes the Shadow Grid 
tube more efficient thus minimizing the screen dissipation. 

Further comparison is given below for class Al operating 
conditions for audio applications. 


Average Class Al Characteristics 


Z-2570-3 6BQ5 
Power output 5.5 4.2 5.5 w 
Plate dissipation 12.0 12.0 12.0 w 
Sereen dissipation 2.2 2.2 3.0 w 
Plate current 48 48 48 ma 
Sereen current 8.8 8.8 12.0 ma 
Distortion 10 7.5 10 % 
Power sensitivity 22.5 17.5 17.5 
Peak AF grid 1 voltage 4.8 4.8 6.2 v 
Test Conditions 
Plate voltage 250 250 250 v 
Sereen voltage 250 250 250 v 
Grid 1 voltage ~ —5.4 -7.3 -7.3 v 
Heater voltage 6.3 6.3 6.3 v 
Load resistance 5000 5200 5200 ohm 


Points to observe from the data presented: 

(1) The Z-2570-3 has 30% greater power sensitivity, thus 
requiring less signal drive voltage for the same power output. 

(2) For the same plate and screen dissipation, the 
Z-2570-3 can deliver 1.3 w more power output. 

(3) To obtain 5.5 w power output with the 6BQ5, 3 w 
screen dissipation was needed at 10% distortion. This ex- 
ceeds the maximum continuous rating of the 6BQ5 screen 
grid by 1 w. If operated at 3 w the 6BQ5 screen grid would 
run red-hot and tend to distort and contaminate the cathode, 
leading to a short tube life. The Z-2570-3 screen grid, on 
the other hand, can dissipate 3.5 w before becoming red. 
This is because of the larger lateral wire used. Therefore, 
the Z-2570-3 maximum continuous rating of 2.5 w screen 
dissipation is very conservative. This means the Z-2570-3 
screen grid can easily dissipate 2.2 w. 

Average operating conditions for Class Al operation of the 
Shadow Grid tube are given graphically in Fig. 8. 

Many times the regulation of the power supply being used 
in audio applications is poor, or at best not perfect. A small 
shift in screen voltage may change the plate and screen cur- 
rent appreciably, which changes the operating point of the 
tube. It is often desirable to hold this operating point as 
constant as possible for distortion or dissipation reasons. 

The Shadow Grid tube is not as subject to this change in 
current with a change in voltage as a conventional tube since 
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Fic. 6. Average plate characteristics. 


the Shadow Grid tube gives a shielding effect. Data are 
shown below for variations in screen voltage. Plate voltage 
equals 250 v. 


Ip At Ip At Ip At Total 
Ec2 = 240 v Ec? —250v Ec? = 260¥ Variation 
Z-2570-3 45.3 ma 50.0 ma 54.1 ma 8.8 maor2.2 w 


6BQ5 44.8 50.0 56.3 11.5 ma or 2.88 w 
6BQ5 +0.68 w difference 


Te2 At Te? At Ie? At 
Ec2 — 240 y Ec? —250v Ec? = 260y 


2.8 3.2 0.7 ma or 0.18 w 
6.7 7.6 1.7 ma or 0.43 w 


6BQ5 +0.25 w difference 


° 
5. 


a) 


if 
Data for two Z-2570-3 tubes operating push-pull under 
Class AB1 conditions are shown below. Maximum power 
output conditions for tube type 7189 (a high dissipation 
version of the 6BQ5) are given for comparison purposes. 


Push-Pull Class AB1 Amplifier, Values for Two Tubes 


Z-2570-3 7189-A 

Plate Voltage 400 400 V 
Sereen Voltage 300 300 v 
Grid 1 Voltage —10 -15 v 
Peak AF Grid to Grid Voltage 20 30 v 
Max. Plate Dissipation per Tube 10.2 9.0 w 
Max. Sereen Dissipation per Tube 1.6 3.75 w 
Effective Load Resistance 8000 8000 ohm 
Total Harmonie Distortion 2.7 - % 
Maximum-signal Power Output 28 24 w 


Points to observe from the data presented: 

(1) Because of the greater power sensitivity of the 
Z-2570-3 more power output was obtained with less signal 
drive and distortion. Some circuits would therefore require 
fewer amplification stages to obtain needed power output. 

(2) The efficiency of the Z-2570-3 is greater than that of 
the 6BQ5 due to the lower screen dissipation. 

(3) The maximum continuous screen dissipation rating of 
the 7189-A is being exceeded and the lateral wire on this 
screen grid is red hot while the Z-2570-3 screen grid is well 
within ratings. 

Fig. 9 shows graphically the average operating conditions 
for the Z-2570-3 for Class AB1 operation. 


VIDEO APPLICATIONS 


In video applications, tubes having a high transconduct- 
ance with low interelectrode capacitance are needed to get as 
much gain as possible with a wide bandpass characteristic. 
The wider bandwidth allows for greater detail in the picture. 

The Z-2570-3 has excellent video amplifier characteristics 
and compares favorably with other video amplifiers. 


VERTICAL APPLICATIONS 


A vertical output circuit was designed to show the feasi- 
bility of using the Z-2570-3 as a vertical output tube. Good 
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Fic. 8. Operation characteristics of the Z-2570-3 tube. 


linearity was observed at 275 v on the plate and screen. 
Sufficient output was obtained to sweep a 110° picture tube 
at 15 kv anode potential with a grid drive of 12 v peak-to- 
peak. The use of the same plate and screen voltages may 
allow the circuit designer to eliminate a screen dropping 
resistor, resulting in cost savings. 


SUMMARY 


The Shadow Grid power output tube has two distinct ad- 
vantages over conventional power output tubes: 


Z-2570-3 6BQ5 
Low sereen current 2.5 ma 5.8 ma 
High power sensitivity 22.5 17.5 


These advantages lead to better performance through: (1) 
Better efficiency; (2) Low signal drive voltage requirements; 
(3) Low distortion; (4) Greater maximum power output; 
(5) Greater versatility of the tube; and (6) Conservative 
maximum ratings leading to longer life and better reliability. 


CONCLUSION 
To the circuit designer this means that he may make cost 


cS 

8 

° 
TUBE 


= TWO TUBES PUSH-PULL ¥ 

a CLASS ABI | 

& E-= RATED VALUE : 

Pa E ,= 400 VOLTS Pia © $e - 

zw | ——Eee* 300 VOLTS a a 

z e Ec)=-10 VOLTS _ = 

g3| “en | é p§ 

- ae 

ee: y res 

z 

3 F >y 7 z 5 
bE oO, 

y “38 of ",‘é 

$ a a 3 
Fs \ a 5 

gee x was 

= wW 
| scREEN Ot z 5 
6 o 0 
J] s to is 20 25 


PEAK INPUT SIGNAL GRID-TO-GRID 
Fic. 9. Operation characteristics of the Z-2570-3 tube. 


J. W. TRAUTWEIN AND C. D. McCOOL 


savings by having fewer amplification stages, he may have 
greater versatility in his circuits, and he may have a more 
reliable and longer life design. 

The Shadow Grid tube is not only a good audio power 
output tube, but may also be adapted to perform vertical 
output and video amplifier functions in TV applications. 
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STANDARD OF EXCELLENCE... 
By Design 


AMPEX 300 SERIES Magnetic Tape Recorders—designed for master recording— 
completely dominate the professional recording industry throughout the world. By 
producing the finest monophonic and stereophonic masters, the Ampex 300 has 
earned the recognition of “standard of excellence” from this critical, exacting industry. 


ALABAMA 
BIRMINGHAM 

Ack Radio Supply Company 
3101 - 4th Avenue South 


ARIZONA 

PHOENIX 

Bruce's World of Sound, Inc 
2711 East indian School Road 


CALIFORNIA 
FRESNO 
Tingey Company 
847 Divisadero Street 
LOS ALTOS 
Audio Center 
293 State Street 
LOS ANGELES 
Magnetic Recorders Company 
7120 Melrose Avenue 
Ralke Company, Inc 
849 North Highland Avenue (38 
NORTH HOLLYWOOD 
V. Smith Associates 
11548 Addison Street 
SACRAMENTO 
McCurry-Sidener Company 
731 “I Street 
SAN FRANCISCO 
Magnetic Recorders Company 
1081 Mission Street 
SAUGUS 
Sylmar Electronics 
26000 Bouquet Canyon Road 


COLORADO 

DENVER 

Davis Audio-Visual Company 
2023 East Colfax Avenue (6) 


DISTRICT OF COLUMBIA 
WASHINGTON 

Shrader Sound re 

2803 “M"’ Street 


East Coast Radio & Television Co., Inc 
1900 N.W. Miami Court (36) 


HAWAII 

MONOLULU 

john j. Harding Co., 

1514 Kona Street, P o Box 4013 


ILLINOIS 
CHICAGO 

Newark Electronics Corp 
223 West Madison Street (6) 
QUINCY 
Gates Radio Company 
123 Hampshire Street 


INDIANA 
INDIANAPOLIS 

Radio we Company 
814 Sen 


1OWA 

DES MOINES 

Mastertone Recording Company 
810) University Avenue 


LOUISIANA 
NEW ORLEANS 
Radio Parts, inc 
807 Howard Avenue 


MARYLAND 
BALTIMORE 

High Fidelity House, Inc 
5127 Roland Avenue (10) 


MASSACHUSETTS 
BOSTON 

DeMambro Radio tad Company 
1093 Commonwealth 


MICHIGAN 

DETROIT 

S. Sterling Co 

15310 W. McNicholson Rd 


MINNESOTA 
MINNEAPOLIS 

Lew Bonn Company 
1211 LaSalle Avenue (3) 


MISSOURI 

KANSAS CITY 
Burstein-Applebee Company 
1012 McGee Street (6) 


NEW MEXICO 
SANTA FE 

Sanders & Associates 
70 West Marcy Street 


In addition—the Ampex Duplicators—the only 
commercially available high speed duplicators—have become the standard 
of the industry for which they were designed. The stability of mechanical 
operation of Ampex Duplicators (which incorporate the precision mechanism 
of the Ampex 300 running at speeds up to 120 in/per/sec) permit high speed 
duplication of recorded master tapes with utmost fidelity. 


NEW YORK 

NEW YORK CITY 

Harvey Radio Company, inc 
103 West 43rd Street (36) 
Lang Electronics Incorporated 
507 - Sth Avenue (17) 
Sonocraft Corporation 

115 West 45th Street (36) 
SYRACUSE 


W. G. Brown Sound Equipment Corp 


521 East Washington Street (20 


NORTH CAROLINA 
WINSTON-SALEM 

Daiton-Hege Radio Supply Co., Inc 
938 Burke Street 


OHIO 

coLumBus 

Electronic Supply Corporation 
134 East Long Street (15) 


PENNSYLVANIA 
PHILADELPHIA 

Austin Electronics, Inc 
1421 Walnut Street 


TENNESSEE 

MEMPHIS 

W & W Distributing Company 

644 Madison Avenue 

NASHVILLE 

A N Distributing Company 
- 19th Avenue, South 


* AMPEX PROFESSIONAL PRODUCTS COMPANY 
934 CHARTER STREET, REDWOOD CITY, CALIF. 
Offices and Representatives in Principal Cities Throughout the World 
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For complete information: technical, application, specification—contact 
your nearest factory-trained Ampex Master Recording Dealer... 


TEXAS 

ARLINGTON 

Audio-Acoustic Equipment Company 
130 Fairview Drive 

EL PASO 

Sanders & Associates 

1225 E. Yandall Street 

SAN ANTONIO 

Modern Electronics Company 

2000 Broadway 


VIRGINIA 

RICHMOND 

Radio Supply Company, inc 
3302 Westbroad Street 


UTAH 

SALT LAKE CITY 

Standard Supply Company 

225 East 6th Street, South (10) 


WASHINGTON 
SEATTLE 

Electricraft, inc 

1408 Sixth Avenue 
SPOKANE 

20th Century Sales 

West 1021 First Avenue (18) 


AMPEX 
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APRIL 1961, VOLUME 9, NUMBER 2 


Report on Audio Equipment in Education 


Epwarp Go.Lus* 


Board of Education, New York, New York 


INTRODUCTION 


Epvucators have long recognized the value of audio-visual aids 
in the teaching process. Education faces increasing pressure from 
the rising school population and the demand to raise standards 
and improve the curriculum. Under these goads and the financial 
shot in the arm given by the National Defense Education Act, edu- 
cators are turning more and more toward old and new electronic 
means of meeting these challenges. 

The educator and the engineer often view the same problem with 
differing emphases. I have had experience both as a teacher and 
as an engineer, and my major responsibility is the technical phase 
of the audio-visual program in relation to requirements, specifica- 
tions, evaluation, performance and maintenance of equipment pro- 
cured. Accordingly, I am hopeful that my attempt to present edu- 
cational design considerations will prove mutually beneficial from 
an educational and an engineering viewpoint. 

The fact that equipment is operated by teachers and students raises 
special problems not normally recognized by engineers and others 
in the manufacturing industry. Thus the purpose of this paper is 
to acquaint those in the industry with the needs and special problems 
of schools, specifically the elementary, junior and senior high schools 
of the City of New York. Our system with its approximately 900 
schools indicates problems basic in all schools throughout the country. 

The audio aids in daily use in the New York City School system 
are phonographs, AM-FM radios, sound systems, tape recorders, 
sound motion picture projectors, television receivers, and language 
laboratories. Special schools for the hard of hearing also employ 
many different types of specialized equipment for their students. 


TYPES OF AUDIO EQUIPMENT IN USE 


PHONOGRAPHS. The phonographs used in the schools can be classi- 
fied into three groups, based upon the quality of reproduction neces- 
sary for the situation: 1. utility grade (the least expensive) ; 2. better 
grade; and 3. high fidelity. 

The phonographs used in the kindergarten and lower grades are 
the utility grade, selling for approximately $25. to $30. These are 
simple three speed non-automatic players with a maximum power 
output of 2 watts @ 5% distortion, a 4 x 5 loudspeaker with a one 
ounce magnet and a crystal turnover cartridge. The size is approxi- 
mately 15” x 14” x 8” and the weight less than 15 Ibs. Other fea- 
tures are a headphone jack and an easily replaceable stylus. It must 
be borne in mind that teachers in these grades are women, and 
what may seem light to a man is often considered heavy by a woman. 
Incidentally, a surprising reason given by some teachers for favoring 
a certain make of phonograph was that it could be stored in a 
standard legal size filing cabinet. Hundreds of these types of phono- 
graphs are purchased each year. 

The better grades of phonographs have sturdier cases, higher 
power output (4 to 16 watts), larger and better speakers (8” and 
larger) and variable speed motors. The cost of these machines ranges 
from about $50. to $125. The larger ones are most often used in 
gymnasiums and dramatic rooms and sometimes outdoors. The 
variable speed feature is valuable in the teaching of dances, exercises, 
and certain speech and foreign language drills. Ingenious teachers 
usually also find other uses for this feature. 

The high fidelity phonograph finds its greatest use in music rooms, 


* Acting Assistant Director for Technical Operations, Bureau of 
Audio-Visual Instruction. 


band rooms, and auditoriums. Here, excellent quality of sound 
combined with mobility and durability is required. The high 
fidelity phonograph in the New York Schools consists of a two 
unit system containing a variable speed turntable with a turnover 
magnetic cartridge, a good quality amplifier mounted in a table top 
case, and a triaxial speaker in an RJ type enclosure. The selection 
of the components was based on the special needs and situations 
of the schools. The variable speed turntable is necessary to provide 
pitch adjustment for those people with absolute pitch or for use 
in conjunction with band and instrument instruction. The selection 
of the cartridge represented a solution to a unique problem. It was 
found that the use of a turnover cartridge resulted in reduced re- 
placement of styli because it required a single motion to change 
from 78 RPM to 33% RPM as compared to a double motion of 
push and turn for the G-E. cartridge (there are still a very large 
number of 78 RPM records in use); and because the G-E. cartridge 
with its simple slip-in stylus can also result in an excessive amount 
of “slip-out” to other than school hi-fi phonographs. 

Because the high-fidelity phonograph is in two sections, it can 
easily be moved by two boys to any part of the building. A large 
furniture type of console tends to remain frozen in one spot. 

We have not yet gone into stereo to any great extent because of 
the cost, complexity, and limited amount of teaching materials now 
available in stereo. When the demand increases and materials are 
available, specifications for stereo equipment will be ready. 


RADIOS. The New York City Board of Education operates an FM 
broadcasting station which provides more than 35 hours of education- 
al programs for all levels in the schools and for homebound children. 
For homebound children, small table model FM receivers are pro- 
vided and maintained by a special department associated with the 
station. For classroom reception, these small receivers, in most cases, 
have been found to be unsatisfactory because of inadequate power 
output, limited frequency response and drift. More than 10 years 
ago the engineering staff of the radio station was instrumental in 
developing the Freed Eisman Educator AM-FM receiver for class- 
room use. Many of these are still in use today. Two years ago the 
Bureau of Audio-Visual Instruction publicized the need for a modern 
type classroom receiver with sufficient power, quality and sensitivity 
for classroom use. This resulted in the introduction by two well- 
known companies of receivers that provide excellent reception. The 
present specifications include: 


1. Size 13” x 10” x 10”. 

2. Weight maximum—15 lbs. 

3. Plywood cabinet construction with fabriloid cover and handle; 

good balance. 

4. Power transformer; three wire power cable and satisfactory 
storage for the wire. 

. Sensitivity 5 uv for 20 db quieting. 

. Drift free (preferably AFC). 

. Three wire power cable with satisfactory storage. 

. Amplifier frequency response 50 - 15,000 cps at a rated power 
output of at least 6 watts with a maximum TID distortion 
of 2%. 

9. A minimum number of controls incuding a single tone control 

and an output jack for tape recorder. 


onan uw 


The portability and simplicity of operation of these receivers are 
stressed because they are utilized mainly in elementary schools where 
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AN AMPEX 
FOR EVERY PROFESSIONAL NEED 


In sound quality... in features...in lasting economy... these four Ampex professional re- 
corders maintain the highest performance standards for broadcasters, recording studios, 
educators and other critical users. For 7" reel requirements—the PR-10 series—newest in 
studio quality compact recorders, priced from $845. For 10/," reels— the 351/354 series 
—proven by more than 10,000 units.in use throughout the world. Other 107," Recorders 
include the 300 series multi-channel Mastering series with up to 8 tracks. Your Ampex 
dealer will aid you in selecting the Ampex which best fits your needs. And ask him about 


the new Ampex Finance and Lease Plans. 
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THE PR-10-1 
MONOPHONIC, 


Full or half-track. Single-channel 
electronics include built-in mixer 
to mix line and mike or two mikes 
(with plug-in pre-amp). Portable, 
or fits 14” of rack space. 37/, and 
7%; or 7%, and 15 ips speeds. 
Exclusive self-threading option. 
Alignment controls in front panel. 
New frictionless tape handling. 
All-electric push-button controls 
permit remote control operation. 
Write for Bulletin 212. 


THE AMPEX 351 
MONOPHONIC 


Available in full or half-track 
models. Input switchable to mike, 
balanced or unbalanced line. 
Takes reels from 3” to 10¥,”. 
Speeds: 33/, and 7'/, or 7, and 
15 ips. Available as console, two- 
case portable or mounts in 223/,” 
of rack space. All-electric push- 
button controls permit remote 
control operation. Large 4” VU 
meter reads input or recorded 
level plus bios and erase current. 
For more information, write for 


Bulletin 203. 


7° REELS 


THE PR-10-2, 
STEREO/MONO 
Two-channel electronics fit some 
rack spoce as PR-10-1. Portable 
for remote pickups as well as in- 
studio use. Split erose permits 
stereo recording, half-track mono 
recording, cve track, and sound- 
on-sound. Two line inputs con- 
vertible (with pre-omps) to two 
mikes — one per channel. Addi- 
tional mike and line inputs pos- 
sible with MX-10 mixer. Write for 
Bulletin 212. 


THE AMPEX 354, 
STEREO/MONO 


Two-channel electronics. Com- 
pact ond portable version os well 
as console. Requires only some 
rack spoce os 351. Some heavy 
duty tape transport os 351. Two 
line inputs, convertible to two 
mikes (one per channel) with pre- 
amps. More mike and line inputs 
with MX-35 mixer. Convenient 
balancing of stereo-channels with 
side-by-side VU meters. Split 
erase for stereo recording, holf- 
track mono, cue track, sound-on- 
sound. Alignment controls in 
front ponel. Bulletin 208. 


ACCESSORIES AND ASSOCIATED EQUIPMENT 


MONITOR SYSTEM 


am WU oe 


STEREO/MONO MIXER PLUG-IN EQUALIZERS PLUG-IN INPUTS 


AMPEX 


SA-10, Console quality, 40 MX-10 or MX-35, Four posi- provide NAB AME or CCIR match various inputs. Bal- 


watt speaker-amplifier unit. tion, 


two channels, matches curves as required. 


Portable, rack or wall PR-10 or 351/354. 


mounting. Bulletin 214. 
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anced bridging or mikes. 


Complete descriptive literature also available on 300 series Mastering Recorder and High Speed Duplicators from Ampex. Write Dept. BE. 
AMPEX PROFESSIONAL PRODUCTS COMPANY * 934 Charter Street, Redwood City, Calif.» Ampex of Canada Ltd., Rexdale, Ontario 
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they are brought into class and operated by the teacher or students. 

The availability of low cost transistors capable of operating in the 
FM band should result in still more compact and lighter receivers 
which would be highly desirable. 


CENTRAL SOUND SYSTEMS. Educational broadcasts are also piped 
into selected classrooms by means of central sound systems, generally 
located in the administrative offices.* A typical system in a rack 
consists of an AM-FM receiver, two input channel preamplifiers, 
two power amplifiers, a distribution switching panel, vu meters for 
each channel, and a monitor speaker. Each classroom is equipped 
with an eight-inch speaker. The two channels permit two programs 
to be fed simultaneously to various rooms. The input selector 
switches are used to select program material (live or recorded) from 
as many as 10 different locations within the building. These include 
the principal’s office, rack, radio, auditorium, gym, lunch room 
and sometimes outdoors. All inputs are standardized at 150 ohms 
and microphone level. The portable phonograph turntables match 
this level so that they can be used at any location. 

One of the interesting features of the central sound system is its 
utilization for program signaling. A 400 cps generator and relay 
system is connected with the speaker lines and time clock in place 
of bells. This has replaced the old vibrating bell with resultant 
economies in school construction. 


SOUND MOTION PICTURE PROJECTORS. The 16 mm sound motion 
picture film is considered one of the two mainstays of audio-video 
techniques. The projectors most commonly used are the RCA, B&H, 
Kodak, Victor and Ampro. A limited number of JAN projectors is 
also used in some auditoriums. Even though the sound quality does 
not measure up to high fidelity standards, it is satisfactory for all 
situations except certain very critical musical instruction films. 

At present the sound motion picture projector is still too heavy 
(about 38 Ibs) and complex for the average teacher to feel com- 
fortable with. Any weight reduction without reduction of dura- 


* Full specifications for central sound systems may be obtained 
from Bureau of Construction, Board of Education, 42-15 Crescent 
Street, Long Island City 1, N. Y. 


REPORT ON AUDIO EQUIPMENT IN EDUCATION 


MR. MORRIS SABBATH, 
acting chairman 

of foreign language 
department at Brooklyn's 
Sheepshead Bay High 
School, instructs 

French class from the 


“teacher's console.” 


bility, light output, picture steadiness and sound would be extremely 
welcome. A desirable goal is a 25 to 30 lb. single case projector 
with a power output of 7 watts (5% distortion) and an eight-inch 
speaker. A transistorized amplifier will help in attaining this goal. 

Although magnetic striping provides a superior quality sound 
track, only a very few teaching films utilizing magnetic tracks are 
available. Certain special training films produced for the Board 
of Examiners required a magnetic track because the sound was con- 
sidered extremely important. Incidentally, whenever new films are 
evaluated, the viewers are usually more critical of the sound quality 
than of the picture. Eight millimeter magnetic sound is in an early 
but very promising stage and we shall be attentively interested in 
future developments in this field. 


TAPE RECORDERS. Tape recorders are now utilized in large numbers. 
Thanks to the National Defense Education Act, a large number of 
standard and loop tape recorders have been purchased for foreign 
language teaching. For foreign language and speech improvement 
work, good quality 7% ips recorders are required because of the im- 
portance of the consonant sounds. Music classes also require the same 
high quality. Teachers prefer keyboard type controls, a minimum num- 
ber of jacks, a minimum number of controls including a single tone 
control that provides either roll-off or boost at both ends of the 
frequency spectrum, two speeds (74% and 3% ips), storage space 
for empty reels, cables and tape, and light weight. The last two fea- 
tures are important in a school situation. Inadequate storage space will 
result in misplaced and lost cables, reels and accessories. At present, 
the chief criticism of the better tape recorders is their weight, since 
teachers are hesitant to carry a 35 Ib. recorder up the stairs or ask 
a youngster to do it. Some of the lighter machines either do not 
have satisfactory sound quality or tack long-term durability and 
are difficult to service. A 20 Ib. recorder with the previously men- 
tioned quality and features should prove popular in schools. 


TELEVISION. Educational television has a great future. As with any 
new system, the first items used are the commonly available units 
but they are not necessarily the most suitable ones. We very soon 
learned that the sound from a home-type TV receiver (142 watts 
at 10% distortion into a 5-inch speaker) was inadequate for a single 
class, let alone for two or more classes that were placed in front of 


(Continued on Page 162) 
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Unmatched for Excellence 


... its performance specifications 
have not been equalled! 


The full meaning of Marantz Quality be- 
comes clear when you compare competi- 
tive performance features with those 
inherent in the Marantz design. It be- 
comes apparent that: 1—hum, noise and 
distortion are all many times lower in the 
Stereo Console; 2— accuracy, sensitivity 
and reliability are all much greater, and; 
3—its superb precision construction has 
no counterpart in the field. Most of these 
are the important characteristics which 
directly determine sound quality. 
Let’s see how much more one gets for 
his investment in Marantz: 

@ LOWEST DISTORTION |. M. Distortion @ 
10V equiv. pk. RMS: 0.15% mox., 0.1% typical. 


(Reduces to a few hundredths of 1% below about 
SV output.) 


... at least 212 times less distortion! 


@ LOWEST HUM & NOISE [otc! noise, 20- 
20,000 cps: 80db below 10mv input. (equiv. noise 
input: 1 microvolt mox., 0.8 microvolt typical). 


-.. Gt least 3 times quieter! 


RIAA phono @ Ike: 
0.4mv (400 microvolts!) for 1V output. 


. -. at least 50% higher sensitivity! 
@ GREATEST ACCURACY Equolizotion and tone 


control curves matched in both channels to 0.Sdb 
mox., 0.2db typical. RIAA phono curve accurate 
within O.Sdb {no false boss “hump™’). Volume con- 
trol, developed especially for Morantz, has over 
9db adjustment range, ond better than 2db track- 
ing to —65db. This greatly reduces need for re- 
balancing. 

... much more accurate reproduction! 


@ FINEST CONSTRUCTION | 05!;umen!-type. 
precision construction throughout. Basic circuit on 
heavy, fully shock-mounted turret-terminol board. 
Wiring neatly cabled. Noise-selected film resistors. 
Power f doubie-shielded with mu-metal 
before “‘potting™’. Triple-filtered D.C. filament sup- 
ply. Fully finished chasis. Front panel, Ye” thickness 
brushed aluminum, pale gold anodyzed, with pre- 
cision-machined matching knobs. 


... better quality, inside and out! 
@ MOST RELIABLE Jhe individual test report 


packed with each unit assures you thot it hos under- 
gone the most thorough inspection, adjustment and 
fest in the whole industry. Every unit meets all its 
claim... 


... backed by new two year warranty! 
The cost? A little more . . . but well worth 
the difference. Model 7 Stereo Console 
...$249* (less cabinet) 


Model 8 Stereo Amplifier is a perfect 
match in performance and quality. $237* 


Write for folder 41N. — «Higher in West 


EER <a Bee ee EB Zz 
25-14 Broadway, Long Island City 6, N. Y. 


the 21-inch screen. Our conclusions coincided with those of earlier 
experiments with closed circuit TV at the University of Pennsylvania 
and New York University. Our initial specifications for a minimum 
of 4 watts output at 5% distortion with a front-mounted 8-inch 
loudspeaker with a 6 oz. magnet and a frequency response of 100 
to 10,000 cps had to be modified in order to abide by the Bureau 
of Supplies requirements for competitive bidding. 

As with tape recorders, a single tone control that can either boost 
or attenuate the highs was found desirable because of the poor 
acoustics in some classrooms and the importance of the sound part 
of the program to the learning situation. Response below 100 eps 
is undesirable because these lower frequencies tend to impair the 
intelligibility of speech in reverberant classrooms. 


LANGUAGE LABORATORIES. With language laboratory equipment in 
secondary schools a new era of teaching has been initiated. Language 
laboratories are the first breakthrough in the search for a practical 
means of approaching the ideal of providing for individual student 
differences within a class. A variety of different lessons or drill mate- 
rials can be simultaneously directed to the students in the class with 
the students actively participating, simultaneously and independently. 
Our language laboratcry is a system consisting of 30 acoustically 
treated open booths arranged in rows of five and equipped with 
microphone, headset, and either individual amplifier or tape recorder. 
At the front of the room is the teacher’s console with program- 
source tape decks, phonograph, microphone and auxiliary input jack 
as well as a set of distribution switches and an intercom switch 
panel. Prerecorded lesson material is fed to individuals or groups 
of students who listen and respond. They hear their own responses 
via the headsets. If the booth is equipped with a recorder, the 
master material and student responses are recorded for playback 
and review at the end of the lesson. By means of the intercom 
switch panel the teacher can monitor any student, break in and 
communicate with him, and if necessary record his work on one 
of the tape machines at the console. 

Secondary schools presented a number of problems which resulted 
in features normally not found in labs used for more adult students 
in colleges. Language teachers in general are not mechanically in- 
clined, thus requiring a console with a minimum of complexity and 
maximum simplicity of operation. The lack of special assistants and 
the limited time per class period (a maximum of 45 minutes) re- 
quired that the students’ tape deck be made simple to operate, be 
extremely reliable, have a minimum of controls and tape permanently 
fastened to both reels and covered with a metal cover to prevent 
tampering, spilling and tearing. In addition, the tape transport had 
to be constructed so as to stop automatically at either end of the 

(Continued on Page 164) 


STUDENT AT WORK in the language laboratory of New York school 
records an assignment. Playback helps correct pronunciation flaws. 


V 
te 
1 
C 
2 
3 
¢c 
P 
te 
4 
p 
5 
dl 
a 


po Swe 
Stereo Console 
' 
ee 
Pe 
. ee 
| a —- ia aoe 
a p= és : 
. + es é , eee , 4 
| ae pate ie » P 
‘ a/ / Ee ean ee 5, i = ; | 
‘ OD ARE BLE *. ee y ..Y 
Ee a Beas Sb 
\ Sees % Ly Se 
ge ee ee oe : je 6 OS 
4 ae Paes ee he aw » _ a ; Sy Se « ; 
| Pee SO ‘i. = 2s 
ll : h, 
So 
. SEE eee, 


@® 


When you've checked these outstanding features... you'll want 
to be in on this year’s U.S. quota: 


1. Electronically switched directional characteristics: Cardioid, 


Omni-directional, Figure-8. 

2. Frequency response with virtually no peak at the high end. 
3. A newly developed input circuit permits flat response to 40 
cps with sharp roll-off below, making the U-67 virtually “pop”- 
proof. (This circuit readily disabled for flat low-end response 
to below 10 cps.) 

4. Separate “Voice-Music” switch raises the roll-off starting 
point from 40 cps to 100 cps. 

5. A third switch on the microphone itself permits reduction of 
the capsule’s sensitivity by approximately 14 dB BEFORE the 
amplifier section. Prevents overload of amplifier from extremely 


NEUMANN WILL CREATE ONLY 400 NEW 


©3-G 7 MICROPHONES IN 1961! 


THE LATEST FROM NEUMANN! The unhurried hands that assembled the famous U-47, exploit 
that incomparable experience in creating the new multi-purpose U-67 condenser microphone. 


close placement of the microphone. This is the first time that 
such overload protection is available in a studio microphone, 
at the INPUT to the amplifier. 

6. “Calibrating input” connection on power supply permits 
direct testing of microphone preamplifier with oscillator. 

7. Regular EF-86 tube readily replaceable. 

8. Complete protection against radio frequency interference. 

9. Built-in pad for U.S. nominal input impedances and levels; 
fully compatible with all domestic microphones. 


Complete system includes: U-67 Microphone, NU-67 Power 
supply, UC-6 Interconnect cable and stand mount. 

US. std. fuse, pilot light, AC cord etc. 
Write for full specifications and possible 
U-47 trade-in allowance. 


GOTHAM AUDIO CORPORATION 


2 W. 46 St., New York 36, N.Y. (212) CO 5-4111 + 


1710 N. La Brea, Hollywood 28, Cal. (213) HO 5-4111 
IN CANADA: Audio Sonic Products Ltd., 1434 St. Catherine St. W., Montreal 25, Quebec 
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~ THIS HYSTERESIS 


SYNCHRONOUS MOTOR 


helps make the 3 SPEED-4 TRACK 


Tandberg ss 6 
STEREO TAPE DECK 


_ All Tandberg units feature 17% ips 
"The Professional's Speed of the Future” 


recorders. 
+ Exhibits starting torque, attaining TANDBERG 6 STEREO TAPE DECK ALSO 
Proper motor speed instantly. oFreps THESE OUTSTANDING PERFORMANCE 


* Maintains proper motor speed FEATURES: 
107, trom Indicated a *T — 3 Separate heads for record, playback, 


erase... each gapped for optimum perform- 
: ance; 4 track stereo & monaural record; 
a a core; allows rotor 4 track and 2 track stereo and monaural 
ng playback; Sound-on-Sound; Direct monitor 
© Ingenious laminations shield magnetic from signal source or active record; Silent 
lines from core; virtually eliminaf- pause control; Built-in remote control; Digi- 

stray magnetc field. fal counter; Push button operation. 


Tandberg 2 americe, tc 


8 Third Avenue, Pelham, N. Y. 


tape without tearing or damaging the tape. An indicating light is 
provided that lights up when the end of the tape is reached. The 
tape used is 1% mil mylar. To provide for additional flexibility in 
the classroom, a number of dual-track student tape recorders without 
covers are installed in some booths. With these recorders, the 
student can either work with the rest of the class with material 
from the console or independently with a prerecorded tape. The 
student tape recorders operate at 334 ips and have a frequency re- 
sponse from 80 to 7500 cps. The microphone and headset have ap. 
proximately matching characteristics. 

The tape machines in the console are two-speed, though it is pre- 
ferable to use materials recorded at 7% ips. Incidentally, two of 
the tape machines in the console are playback only to prevent ac- 
cidental erasure. The other is a recorder-playback so that the 
teacher may record either her own material or the student's voice. 

In order to make, as objectively as possible, a comparison of tra- 
ditional teaching results with language lab techniques, we are con- 
ducting a state sponsored testing program involving 300 students in 
two high schools. Pairs of tape recorders were set up with one 
recorder playing a specially prepared tape to the student via head- 
phones and the other machine recording only the student’s answers, 
with no pauses for the questions or instructions. To accomplish 
this, the question tape was prepared with transluscent sections of 
leader that actuated a photocell relay control which started and 
stopped the second machine. In the course of the testing program 
this past spring approximately 4000 responses were recorded. Test- 
ing was done at the beginning, middle, and end of the term. To 
insure the validity of results, students were identified only by num- 
ber and the beginning, mid-term and end-term responses scrambled 
This was done by the rerecording technique of mixing the outputs of 
six tape playbacks and feeding the signal into a seventh recorder. 
The different tapes were then played sequentially, and the resultant 
scrambled tapes later evaluated and rated by groups of teachers. 
The ratings will be correlated with the original master sheets to de- 
termine any pattern. The program is continuing for another year. 


GENERAL SELECTION CRITERIA 


The Bureau of Audio-Visual Instruction is constantly on the alert 
for new and better equipment and techniques that can be utilized 
in the teaching process. After a commercia! representative con- 
tacts our bureau about his product we arrange for the Bureau of 
Suprties to ship a sample to us. 

Criteria for evaluation are: 


. Usefulness for educational purposes. 

. Safety, electrical and mechanical. 

. Satisfactory reproduction of sound. 

Quality of construction, electrical and mechanical. 
Operating simplicity. 

Portability or mobility. 

. Reliability. 

. Maintenance factors. 

. Price considerations. 


CoOnIaAuUE WN 


Of all these criteria, safety is paramount. Evaluation of all 
equipment begins with safety tests. These include safety from shock 
hazard, sharp corners and projections, excessive heating of exposed 
surfaces and other conditions that’ can cause injuries. Also the code 
of the Department of Water Supply, Gas and Electricity requires 
electrical equipment to be equipped with a three-wire cable and 
the new safety three-prong plug. The third wire must ground the 
chassis and exposed metal parts. Exceptions to the code are eX 
tremely rare. Recently we changed our specifications to require all 
equipment to have an isolation or power transformer. 

After a device has been approved for educational usefulness and 
safety, both lab and field tests under classroom conditions are con- 
ducted. This results in a committee evaluation report containing 
recommendations for either purchase, rejection, or recommended 
changes. If satisfactory the item is placed on an approved list for 
purchase and requisitions are made by divisions, bureaus, and schools 
as money is appropriated and a need for the item arises. 
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Only the Stanton Fluxvalve 
can provide the exclusive 
and patented features 
which make it the 
finest pickup available. 
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- he significance of a document... a 
Letters PATENT conferring exclusive 
rights and privileges on an individual to 
manufacture and vend an invention both 
new and useful . . . further signifies a 
saow ao B%aq8) ™OSt important responsibility upon that 
ALALOED NEw A individual. 


CONTAINED UN 1 P : sheds 
ONIN pitcg PORES Endowed with this responsibility, 
~a~ mecces Games 8 Pickertnc & Company pioneered — 
/ through their outstanding participation 
f in stereophonic development — the 


forren MADE Tee & STANTON STEREO FLUXVALVE, the very 
LL. 
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LED TO A PATENT UNM! first (and only) stereo cartridge incor- 
porating the revolutionary T-GUARD stylus. 
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yer. oS Letters: Paastemt But this was only the beginning—through 
a continued development—major advances 
” O in stereo pickup design were brought 
alert f° 3 > about by the use of Pickerinc & Com- 
ilized PC his heirs PANY’S long experience . . . special skills 
con- Ns . . 
° ne and exclusive techniques. 
wu of a SEVENTEEN Years FROM THE 1 q 
- eS Thus; less than one year after the intro- 
r LS EXeLUDE OTHERS From MAKING, Ussng 4UCtion of the stereo record, PICKERING 
Oe. inte wae Unicke Stared & ComPANy introduced the Mopet 380 


STANTON STEREO FLUXVALVE. And, in a 
few short months, the 380 earned its 
reputation from the experts as — 
“The finest stereo pickup ever tested”. 


eerrrrrrrrrr rrr ae 


Nn testimony wher Isn't it time you found the true answer 


hand, ‘anes attitl Me to stereo as it was meant to be? 
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Ht uz CA vod tr Vt for more than a decade—the world’s most 


experienced manufacturer of high fidelity 
Pd - pickups ...supplier to the recording industry. 


/ th f fy Ape Ar. — S, PICKERING & CO., INC., PLAINVIEW, NEW YORK 
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The Stanton Fluxvalve and Stereo Fluxvalve are patented 
(and patents are pending) in the United States, Great 
Britain, Canada, Japan and other countries throughout the 
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Letters to the Editor 


A STEREO GROOVE PROBLEM 


Georce ALEXANDROVICH 
Fairchild Recording Equipment Corp., Long Island City, New York 


Ovr work on the development of a stereo cutter has brought to 
our attention a phenomenon that has undoubtedly been observed by 
others in the recording field and plagued them also in their test 
evaluation of the stereo groove. 


With the development of a cutter capable of recording amplitudes 
up to 50 cm/sec, we experienced difficulty in accurately reproducing 
both channels of the stereo groove equally and without distortion. 
With high amplitudes, we continually noticed that the left channel 
test information could be reproduced accurately and without dis- 
tortion while we experienced trouble in maintaining linearity of the 
right channel. 

After analyzing cutter action, we dismissed this factor as the cause 
of the distortion. Naturally, our next suspect was the cartridge. 
However, after an investigation that included actuating the cartridge 
with the same stereo cutter, we eliminated the pickup as the cause. 
We then analyzed the performance of the conventional tone-arm 
design, and we began to see the start of an answer. It was found 
that a serious and unsuspected source of this trouble in reproducing 
equal quality from both sides of the stereo groove was the presence 
of a skating force. 


STYLUS TIP =“ 


FORCE OF FRICTION 


OFFSET ANGLE : RECORD GROOVE 
| 


! 
ISKATING FORCE 


OcENTER OF 
RECORD 


VERTICAL 
PIVOT POINT 


Fig. 1. Position of the arm on the record. 


4 

Skating is a term applied to the force that tends to pull the arm 
toward the center of the record. It is produced by friction between 
the reproducing stylus and the groove walls. It is determined by the 
length of the arm, the magnitude of the offset angle, the tracking 
force, and the record material. When signals were observed on an 
oscilloscope, this skating force affected the right channel (outer 
groove wall) producing right channel information distortion. The 


SKATING FORCE 


RIGHT 
CHANNEL 
\ 
\. LEFT 
: > CHANNEL 
4 
\ Z 
 eetatat 
TRACKING RESULTANT 
FORCE FROM N & SF 
Fig. 2. Distribution of the tracking force. 


left channel (inner groove wall) did not exhibit this information dis- 
tortion. With the use of high level recording techniques plus the use 
of pre-emphasis, it is quite possible to develop levels up to and in 
excess of 30 cm/sec. Therefore, skating can be a continued source of 
distortion and annoyance to the listener. An anti-skating system 
was then developed from the information in Figs. 1, 2, 3 and 4 and 
Formula I. 


F = Friction Foree 1 = Arm Length 

RF — Reaction to Friction Foree a = Offset Angle 

RV = Reaction Veetor T = Anti-skating Torque 
SF — Skating Force N = Tracking Force 

ST — Skating Torque u — Coefficient of Friction 
F —RF=—-F 

RV = RF/cos a = -F/cosa 


(RF /ecos a) sina — SF 
SF —-F tana 


T=ST X1=SFeosa X 1=F tanacosa ¥ 1; and F=yN 
¥ y —- uN sina x 1 
Formula I. 


Fig. 1 shows a conventional arm positioned on a record and is a 
vector diagram of some of the forces acting on the reproducing stylus. 
Fig. 2 shows why skating force is of importance and also illustrates 
how the skating force is related to the force which produces friction. 
It was established after tests with an unmodulated groove and 
using different record materials and record radii that groove speed 


“i | 7 ACETATE DISC 6GMS. 
¢ | 
33 —— 
ae ; “ ACETATE DISC 5 GMS. 
4 | ] 
o | |  . 
uw 2 ; = == = +—— VINYL 5 GMS. 
z | | 
° - ACETATE DISC 4 GMS 
e ' , = 
ce) —~ 
= 1 ; yo I~ VINYL 4 GMS. 
: : 
| \| ACETATE DISC 3GMS. 
| | i . 
| c 4 > 6 AY 
GROOVE RADIUS IN INCHES or 
Fig. 3. Effect of record materials and record radii on skating force. 


(Continued on Page 168) 


166 


Po 
7 ee 
, 
_ 
a 
wt sat FAIRC! 
: 1, ners 
ee k a P| 
a | | FORCE 
ss 
7 Ht - 
a | 
P. ee SIN 
Nef 
‘i : 


FAIRCHILD 670 A STEREO LIMITER OF UNUSUAL DESIGN — 


FAIRCHILD MODEL 670 
STEREO LIMITER 


Net Each $1435.00 


FAIRCHILD MODEL 660 


A radical departure from the classical limiter 

design; characterized by the complete absence of 

audible thumps, distortion and noise. Another 

ne is its extreme stability over long periods 
time. 


The Fairchild Model 670 may be operated either 
as two independent limiters or as a vertical- 
lateral component limiter. Function change made 
by the flick of a switch. The complete unit is 
enclosed within 14 inches of rack space. 


A special feature of the unit is its ability 


obi 
h 
SINGLE-CHANNEL LIMITER ot feecond. (unlike conventional, limiters. that 
Net Each $970.00 


short transients due to their slowness 
Rttach). 


CONAZX ., 


A New Way to Automatically Control 
High Frequency Distortion Problems 


‘fARCHLD 


The revolutionary, the new, has always found 
its way into Harvey Radio. Thus it is that 
Conazx by Fairchild, which makes a significant 
contribution to the state of the audio art, is 
made available by Harvey Radio. 


The Fairchild Conax is basically an auto- 
matic, high speed, high frequency filter and, 
despite the. fact that it is a high frequency 
filter, its action is not audible in normal 
operation. 


Under normal recording conditions, it is en- 
tirely out of the circuit, passing the full audio 
frequency range. Should a strong high fre- 
quency sound come along capable of upsetting 
either the recording or the playback system, 
or FM transmitting system, the Conax goes 
into action instantaneously (faster than 
1/40,000ths of a second) and reduces the 
bandwidth for the duration of the disturbance 
only. The system will then return just as fast 
to normal band-pass (i.e., 15 ke). 


The Fairchild Conax is effectively usable in 
the fields of dise and tape recording and the 
broadcasting of AM/FM/TV audio, eliminat- 
ing problems such as overload due to loud 
cymbals, castanets, sibilant singers, muted 
trumpets, bells, ete. 


Early use and acceptance indicate that Conax 
really does the job—the inaudible control of 
high frequencies that combined with equali- 
zation or pre-emphasis, can degrade a signal 
rather than improve it. 


CONAX IS AVAILABLE IN SINGLE OR DOUBLE MODELS: 
Model 600 —single channel* $300. 
Model 602 —double channel* $460. 
Model 600A—special unit for 

optical recording $300. 


Normally supplied with 75 microsecond pre-emphasis 
filter (RIAA pre-emphasis) 


HMARWY EY rapioco.i1nc. 


103 West 43 Street, New York 36, N.Y. / 


1Block from Times Square / JUdson 2-6380 


Journal of the Audio Engineering Society, April, 1961 167 


Be 
ee 
2» > 
. 2 or 
| oA RY Ze brings you 4 
A 
a 
i a 
; 2 
‘ a 
. a 
; = 
15 ‘= 
ments @ -. % 
dis. . é ae as 
Bi ae 
| in — re — oar 
> of ~*~ a si = "e 7 — 
tem ’ ae ~ . . a 
De) Wha We ices : 
ae By, 8 ee “ea re oom oe E * a e rt fet hi a 
FAIRCHILD MODEL 602 a 
n q ‘ 
apa 
2 cc a a= ” ae? . ; f : 
’ fi 7 . ~ ‘7 7 
i = ' 4 ™. ‘ — Sa 
ig : ne C a 
ie ) 4 4 oo i 4 
os y % JS r Py — 
o* 3 at : F a 
sa a 4 Ay . = am ® - 
">| 4 ul as oe f 
lus. . ~ ~ e é a ae ~ wh = = 
“ Bal 
ee ux 
S FC - 
us a 
= 
Bi a z. 
| : . 
ce. ‘ , 
‘ 
a 
; ‘ oe 2s, . : 


168 


did not affect this skating ferce (Fig. 3). Tests were then made with 
a modulated groove using a 5 cm/sec signal at 4 kc and a 1 ke signal 
at 30 cm/sec. The 30 cm/sec signal produced a significant friction 
force (Fig. 4). This result, particularly at 30 cm/sec, seemed to con- 
firm the previously mentioned visual indication that a skating force 
does affect high level information reproduction of stereo records. 
The skating force was found to be a torque producing clockwise 
rotational force in a horizontal plane about the vertical pivot of the 
arm: therefore, to counteract this skating force, a torque of the same 
magnitude and opposite in direction was applied to the arm. An 
anti-skating force of 0.8 gram was applied to an experimental arm, 
using a tracking force of 3 grams. The 0.8 gram value was deter- 
mined from the information in Figs. 1, 2, 3 and 4 and Formula I. 


adi — 7 NINE SGMS IKC 
4 30CM/SEC 


VINYL 4GMS. IKC 
30CM/SEC 


ee 
‘ae ' VINYL 3 GMS. 1 KC 
‘ee! — 30.£M/SEC 


FRICTION FORCE (GMS.) 


| “VINYL 3GMS. 3KC 


a 


5 CM/SEC 
| 
! 2 3 4 5 6 
GROOVE RADIUS IN INCHES 
Fig. 4. Effect of modulating the signal on skating force. 


Fig. 5. 
stereo groove. a. without, and b. with anti-skating provisions. 


Application of anti-skating to the tracing of a high level 


When the arm with anti-skating was used to trace a high level 
stereo groove (30 cm/sec) all traces of breakup were removed, as 
shown in Fig. 5. Further experiments revealed that this skating force 


LETTERS TO THE EDITOR 


was present in a large group of commercially available arms, and 
that each reproduced the same phenomenon. 

A complete technical paper on the skating phenomenon was pre- 
sented at the 1960 Convention and is available from the Secretary of 
the Society for those interested in further amplification of this letter. 


THE REDUCTION OF WIND NOISE IN MICROPHONES 
L. R. Burrovcus 
Electro-V oice, Inc., Buchanan, Michigan 


THE PITFALLS OF IMPROVISED WIND SCREENS: Noise in 
microphones caused by air in motion has long been a major problem. 
In a few instances wind screens have been manufactured for specific 
microphones, but a solution to wind noise has usually been left to the 
user of the microphones to improvise. 

In the course of our investigations, many microphone and wind 
screen combinations were tested. For these tests a wind velocity indi- 
cator was mounted on the roof of our plant. The two microphones 
and screens to be compared were mounted on five-foot stands and 
placed within a few feet of the wind indicator. 

In the laboratory the microphones were fed to separate amplifiers, 
each equipped with a vu meter. A speaker was also used for an AB 
check. With this equipment we were able to make a rapid and im- 
partial test. Curves were also run of the microphones with and with- 
out screens to determine the effect of the screens on axial and polar 
response. 

Every type of microphone and wind screen we could find was 
tested; most of them were found to suffer from a loss in high fre- 
quency response due to the high density of the cloth used. Equaliza- 
tion would take care of this, but the serious result and one that cannot 
be easily compensated for was the loss of much of the directivity in 
unidirectional types of microphones, due to a cavity effect or phase 
condition created by this cloth density. As a result, the microphone 
was accepting a large percentage of the sound it should have been 
cancelling. 

It is comparatively simple to construct a screen and judge by ear 
its effect on wind noise and response, but it is another thing to evalu- 
ate the degrading of pclar response by the same method. The loss 
of directivity in many microphones was so complete that the user 
might as well have used a nondirectional unit. 

Screens constructed of perforated sheet metal were found to have 
the worst cavity effects. After the removal of the cloth there still 
remained sufficient cavity to degrade polar response. This was due to 
the high ratio of solid to open area. Wire mesh was found to be far 
superior, and the more open the mesh the better. 

Some wind screens were found to vary from day to day due to 
humidity. On a dry day, when the cloth covering was stretched 
tightly, they were at their best, but with high humidity the cloth 
would loosen sufficiently to move in and out with gusty wind, seri- 
ously reducing its effectiveness. 

When the cloth was taut and in its best operating condition, another 
effect was noted. Wind would not only cause noise by striking the mi- 
crophone diaphragm, but would also create sound when passing over 
the surface of the screen. Screens having rough and irregular surfaces 
were the greatest offenders. After the sorting was complete, we found 
that the best in this regard were the large spherical ones with smooth 
surfaces. An 18-inch sphere was the. most successful. 


(Continued on Page 170) 


The editors of the Journal urgently need short, impor- 
tant and timely papers for the Letters to the Editor 
department. If you have written, or contemplate writ- 


ATTENTION AUTHORS 


ing such a paper do let us review it for possible publi- 
cation. Papers such as those included in this section 
are examples of what we have in mind. 
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EC AAW Laboratory Instruments for 
Analysis and Control of Sound and Vibration 


©@ Frequency Analysis 


© Amplitude Measurement 


The Sona-Graph Model Recorder is a new audio spectro- 
graph for sound and vibration analysis. This instrument 
provides four permanent, storable records of any sample 
of audio energy in the 85-12,000 cps range . . . the three 
visual displays made by the Sona-Graph 661-A plus an 
aural record made on a 12” plastic-base magnetic disc 
which can be stored with the visual records. 


DISPLAY NO. 1 


Ei. Me 


Frequency & Am- 
plitude vs Time. 
-4"” x 12” record 
on facsimile pa- 
per. 


Frequency 
Frequency 


Intensity 


PERMANENT RECORDS 
DISPLAY NO 2 


® Controlled Time Delays 
® Sound Compression and Expansion 


may Sova-Graph 


MODEL RECORDER $2950.00 f.0.b. factory, $3245.00 F.A.S., 


New York 
© 85—12,000 cps 


® Easily stored, per torr 
magnetic dise recording. 


SPECIFICATIONS 


Frequency Range: 85 cps to 12 kc in two switched bands; 
85 cps to 6 ke and 6 ke to 12 ke. 


Freq y Rep : 2 2 db over entire frequency range. 
Flat amplifier characteristic overall. 


hI 


Recording Medium: Plastic-base magnetic disc that can 
be removed and stored, or erased and re-used. 


Analyzing Filter Bandwidths: 45 and 300 cps. 


Recording Time: Any selected 2.4 second interval of any 
audio signal within frequency range. 


DISPLAY NO. 3 


Intensity vs Fre- 
quency at Selected 


Average Ampli- 
tude vs Time. 
Logarithmic scale, 
24 and 34 db 
ranges. 


Time. Range: 35 
db. 


Amplitude db 


R) 


ry /; (Model 30) 

- $1995.00 f.o.b. factory 
AY Ona Yeer $2195.00 F.A.S., N.Y. 
A 30-channel spectrum analyzer—100 to 8000 cps. Relates 
Frequency vs Intensity vs Time in a graphic oscilloscope 
display of the frequency components of complex wave- 
forms. Two dimensional and three dimensional displays. 


SPECIFICATIONS 
Frequency Range: Standard unit 100-8000 cps in two 
bands. 


Filter Channels: 
Number: 29 active, 1 reference. 
Bandwidths: 135 cps each. 


Center Frequencies: 135 cps intervals throughout fre- 
quency range from 135 to 3915 cps per band. 


Audio Amplifier Characteristics—Freq y 
Flat, or with high frequency emphasis to 4-kc. 
Sonagram Display Unit: An accessory for use with the 
Sonalyzer to provide a 3 dimensional—frequency vs in- 
tensity vs time—display on long persistence oscilloscope. 


Write for Complete 


; ® $1695.00 f.0.b. factory 
KAY Vari Vow $1865.00 F.A.S., N. Y. 
A sound-time expander and compressor. Transmits infor- 
mation at 18 different selected speeds at rates from twice 
the original rate down to one-third with no loss of intelligi- 
bility. 

SPECIFICATIONS 

y R : 500-8000 cps + 2.0 db (max.) 


p 


Fr 
Input Impedance: 600 ohms. 


be 


Input Signal Recommended: 0.2 V rms. 
Sensitivity: 0.10 V rms for full-scale operation. 
Output Impedance: 600 ohms. 

Output Signal: 0.20 V rms. 


Information Rate: Compression up to 2 times normal rate 
in 9 steps. Expansion down to one-third normal rate in 
9 steps. 


Recording Indicator: Standard V. U. Meter. 
Power Supply: Self-contained. 


Catalog Information =$CAW ELECTRiIc COMPANY 


Dept. JAE-4, Maple Avenue, Pine Brook, N. J. CApital 6-4000 
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To summarize our findings, ti” screens tested all had the same 
general faults: high frequency attenuation, degraded polar response, 
and surface noise. These are the pitfalls of improvised screens. 


A NEW WIND SCREEN MATERIAL: Aiter testing a myriad of 
materials, polyester foam was found to stand out from all the rest. 
Our choice was a sheet 4 inch thick, of a density designated by manu- 
facturers as “two pound,” i.e., two pounds of material per cubic foot. 
It was cut and cemented together to fit a wire frame that had proven 
to be one of the best tested. In wind polyester foam proved superior 
to cloth, in this instance reducing the noise due to the pumping action 
of gusty wind by 6 db. We attribute this to the long path caused by 
the labyrinth of connecting holes through which the air must travel, 
thus slowing its velocity and reducing the pumping action to a greater 
degree than was possible with cloth. Also, because of the %4 inch 
thickness there was no tendency to flex with the wind making it un- 
necessary to stretch the covering. 

The polar response of the microphone was found to be normal. 
Due to the labyrinth of holes, the covering could now be more porous 
without sacrificing wind noise reduction. The same wire frame cov- 
ered with cloth had seriously degraded the polar response, but when 
it was covered with polyester foam the cavity effect was eliminated. 
Tests were also made to determine the effect of humidity. No notice- 
able change was recorded. 

When the frame was covered with stretched cloth, the surface noise 
created by wind was at a higher frequency than if the surface had 
been soft and unstretched, as is the case with polyester foam. Due to 
the soft, low-resonant quality, a large percentage of all wind noise 
was now held below 100 cps. It was now a simple matter to eliminate 


around 15 db of the noise through the use of a high-pass filter cutting 
off sharply at 110 cps. By cutting sharply at 110 cps, little response 
was lost that would be of any great value to the speech range. 

After the original round test screen we have tried various other 
shapes and sizes, and al! have worked out very well, even some with 
square corners. 


CONSTRUCTING YOUR OWN WIND SCREENS: Polyester 
foam may be had in many thicknesses and densities, but if you must 
construct your screen and judge the results by ear, I would advise 
using only the two-pound density. The thickness may be varied from 
14 to % inch without running into cavity effect or any serious roll-off 
at high frequencies. 

When purchasing your foam, be sure to examine the density by 
holding it up to the light to see that there are no great variations. 
You may find some that are not suitable, since the density is con- 
trolled only by weight per cubic foot. Due to this lack of uniformity, 
we have developed our own material. However, for the present it 
will be available only in screens manufactured for Electro-Voice micro- 
phones. We hope to make it available in bulk at some time in the 
future. 

For cementing polyester foam, I suggest the use of some compound 
such as Rubber-to-Metal Cement No. 35-8 marketed by General 
Cement Mfg. Company. Apply lightly to the edges. Be very careful 
about this, since if applied heavily it will be absorbed and cause hard 
opaque spots in your screen. 

When designing your screen, plan so that it will be unnecessary to 
stretch the covering more than enough to make it smooth. Any great 
degree of stretch will seriously alter the porosity. 


| 507 Fifth Avenue, New York City 


EQUIPMENT, PARTS AND SERVICE 
| ARE OUR BUSINESS 

| PHONE OR WIRE US AND YOUR 

| ORDER CAN BE ON ITS WAY TO | 
| YOU WITHIN THE HOURS | 


| LANG ELECTRONICS 


MUrray Hill 2-7147 


_ _ 
| 
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JAIRCHILD Professional Products 


MODEL 641 STEREO CUTTER SYSTEM 


The first cutterhead designed especially for cutting 
45/45 stereo dises. Not a compromise des 


An excellent stereo cutter, the Fairchiid éil also 
doubles as a lateral cutter capable of cutting high- 
level, high-quality monophonic dises 
Construction features an armature made in one 
piece of aluminum and magnesium; high tempe 
ture windings and impregnation assures high reli- 
ability. Nothing to adjust, burn out, or go out of 
order. This is the first cutter system using modern 
all-ceramic output tubes tn two rugged, high-power 
642 Cutterhead amplifiers built on a single chassis. Operation i« 
entirely in Class A with minimum distortion, yet 
yy of delivering 2000 watts = ak power for good transient response. Unique 
RF feedback circuit minimizes d Stortion and provides an accurate off-the-head 
monitoring system with line level output 
SPECIFICATIONS 
Input Impedance: 600 ohms. Input Level Requirements: — 5 dbm to + 15 dbm 
for standard recording level. Frequency Response: «2 db, 20-15,000 eps each 
: channel. Differencetone tn’ ulation: Less than 0.15%, 14 ke and 14.05 ke, 
both at 30 cm/sec, Harmonic Distortion: Lees than 0.5% ‘at 14 em sec, 1-15 ke 
and at 2 mil ‘ampittude (30-1,000 cps) Maximum Cutting Level: Better than 
60 cm/see up 5 ke, and 30 em/see above 5 kc. Channet-te-Channel Separa- 
fee * tion: Better than’ 20 db 


Fairchild 
644 Amoalifier Net Each 


A radical departure from the classical limiter 
design: characterized by the complete absence 


Stete ¢ 641 t Clee Cutter Syster— Complete. 


of audible thumps, distortion and noise. An- 
other feature is its extreme stability over long 
periods of time. 


The Fairchild Model 670 may be operated either 
as two independent limiters or as a vertical- 
lateral component limiter. Function change 
made by the flick of a switch. The complete 
unit is enclosed within 14 inches of rack space. 


A special feature of the unit is its ability to 
produce full limiting effect during the first 


le 


10,000ths of a second (unlike conventional Rear View 


limiters that pass short transients due to their 
slowness of attack). 


Front View 


SPECIFICATIONS 


input Impedance: 600 ohms each oo 
Dutput Impedance: (00) ohms each cha: 
input Level Range: 0 dbm to +16 pmo _- 7 db. 
cob Response: +1 dh, 40-15,000 = 
gogerations 60 db, A-B position; 40 db, vente Lateral pemttion. 
me: Adjustable 0.4 to 25 seconds in 6 positions. 
M or Harmonic Distortion: Less than 1% at any level up to 


MODELS 600 AND 602 CONAX 


A new concept in limiting devices, especially developed for use in 
svstems with treble pre-emphasis such as dise recording and 
FM y sound transmission. Its action is instantaneous and 
inaudible for most program material; allows 4 to 6 db higher cut- 
tings or transmitting levels. Also effective in tape and optical 
recording. Input Impedance: 600/150 ohms each channel 
mpedance: 600 150 ohms each channel Input Level Range: 
2 VU to +10 V Frequency : 25-15,000 ops, by 
filter threshold Separa ition: Better than 45 “db 

tortion: Less than 1% at +18 dbm, below filter threshold, ‘Filter 


Threshold: Adjustabie in atx steps $460°° 
Fairchild Model 602 Stereo Comax— Net Each...... 

Fairchild Model 600 Single Channel Conax— Net... $300.00 
Fairchild ante 600A Stagte Channel Conas—Optical recording. 
BPE he oes hasnvivesctscrcnuned Steurnce enue $300.0 


Fairchild Model 6 01 Single Channel Conax—For mixing stages; 
SD GO GRR, BIER TRB. 0 occ cece vccesessesvescesencs $375.00 


MODEL 605 STEREO-EQUALIZED PREAMPLIFIER 


Designed as a calibration tool; compact, complete stereo preampli- 
fier for — playback systems. A bout the size of a passive equalizer, 
it fits in the turntable cabinet top. Two types of input: Trans- 
former with 3 different impedances, and grid directly. Selector 
switch for stereo or monophonic with 3 equalisstions each; line 
level em: two treble response ) adijustenente for each channel and 
* 10 db level adjustment. Input impedances: 600, 150, 37.5 and 
47,000 ohms. Output tm wedemene 600/150 ohms he 

se: Deviation from specified curves +1 db, 30-15,000 cps. 
Ti : «10 db at 15 ke. Equivatent Noise: — 120 dbm 
for transformer input; — 110 dbm for grid input. Harmeni 

: Better than 1% at +18 dbm. Equalization: Fiat, RIAA 
and op Oe >it 


Net Each 9 S2 6o cde 0Ebess or irel Rate ehe ss FAkuS ens 


+18 dbm output (no limiting). Less than 1% at 10 db limiting 
+12 dbm output 
: 3 amps, 115 v. AC, 60 eps. 


Power Required 
ade ete *1435°° 


Fairchi af Model - Cagle Soames Limiter— $979°° 


MODEL 680 POWER AMPLIFIER 
Space saver among power amplifiers delivers 200 watts peak power 
in 5%" rack space. Excellent as a monitor amplifier or cutting 
amplifier: or, in any other audio application. Front panel meter 
and pushbuttons for AC and DC balancing. Two types of input 
Transformer and grid directly Floating output circuit. Input 
Level irements: 25 dbm oor 10 w. output (680-1); 0.4 v. for 


10-watt output (680-2 2» Out Im) ce: 8 and 16 ohms: other 
impedances on special order. Frequency apensse * 126, 35- 
20,000 cps, up to SO watts Distortion: Less than 1‘) at 
80 watts. Damping Factor: 10. Noise Level: Better. than 90 db 
below 100 watts s oo 
irchild Model 680-1-— Input, 600/150 ohms. Net 

Model 680-2 ees put, 100K ohms unbalanced: 200K 

ohms balanced. Net Each $299.50 
MODEL 530G 3-SPE0D TRANSCRIPTION 
TURNTABLE 


Professional, high quality turntable for broadcast end lab use in 
reproducing 3344, 45 and 78 rpm recordings. Ideal for highest 
quality stereo dise playback. Extremely accurate in program 
timing at all speeds. Direct gear drive operates from synchronous 
hysteresis motor; no rim slip or over-run clutch slip. Quiet, wow 
and flutter-free drive. Smooth, ——_ -free power transfer from 
synchronous motor to reduction mechanism in oil bath using three 
positive-action cogged belts. Fast cueing. Noise, rumble and vibra- 
tion practically non-existent. Speeds: 33.3, 45 and 7 
lation 


78.26 rpm 

: Absolute timing within limits of power line frequency 
Rumble: Meets NARTB specifications, vertically and laterally 
(1 db, 10-250 eps), 41 db below 7 cm/sec at 1 ke. Measured 
excluding frequencies below 50 cps: 55 db below 7 cm/sec. at 1 ke 
Wow and Flutter: Below 0.1% peak. lactading P~ S freaee — 
between 0 and 500 eps (exceeds NARTB specs —_ PH 
Stable, speed reached from motor start in 4 aH and a43 
rpm; % revolution at 78 r om. Cc ueing by slipping record is prac- 
tical at any speed. Turnta 16” dia., undercut at top for easy 
record removal eters 20 ‘he synchronous. Power uired : 
120 watts, 110-120 v. AC woe single phase. Size: 24° w. x 24° d 
x 2644" h. (turntable height, 28" NARTB). Finish: Light gra: 
with buffed alumi trim Weight, gl ' s 60 
Fairchild Model 530G T Net Each 


600X-60A 


Unique in design and application, 


iable in performance are two of the many outstanding characteristics of ALL 


FAIRCHILD PROFESSIONAL PRODUCTS. You can specify and recommend FAIRCHILD with confidence. Further per- 


formance data on listed products available: contact 


i] FA ER CHILD Recording Equipment Corporation 


Professional Products Division, 10-40 45th Avenue, Long Island City 1, N. Y. 
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GRAVESANER BLATTER 
GRAVESANO REVIEW 


@ German-English Edition e@ Edited by 
Hermann Scherchen, renowned European con- 
ductor, professor and musicologist. Subscrip- 
tions to this fine quarterly review are available 
by arrangement with Experimental Studio 
Gravesano, Gravesano, Switzerland. Articles 
are in English and German. @ Subscription 
cost, $6.00 for one year. Back copies, $1.50 


each. Order in the United States from: 


Audio Engineering Society 
Box 12, Old Chelsea Station 
New York 11, New York 


Unique 


TAPE 
STROBE 


EXCLUSIVE NEW STROBE 
DEVICE FOR CHECKING 
TAPE SPEEDS OF PLAYERS 
AND TAPE RECORDERS 


ch 


® Checks drag brake efficiency. 

® Adjustable to varying tape heights. 

® Can be applied directly to moving tape. 

® Finest parts and construction used throughout. 

® Diameter accuracy .0002” 

® Calibrated for tape speeds ranging from 1% ips to 30 ips for 
either 50 cycles per sec. or 60 cycles per sec. light source. 

Comes complete in handsome grey and red instrument case. 


ecu ctln idc h e oreennet $22.50 
Beet ae a, Fe Oe ON cicccenivscnetecvend $22.50 
Model C: 1%, 3%6, 794. & 15 foe. 0o:s cceccsscvcceee $24.50 


For 50 cycle add $5.00 to price of model. Send check to: 


Scott Instrument Labs. 


17 EAST 48th STREET, NEW YORK 17, N. Y. 


Once you've tried the Tape Strobe, you'll never do without it. 


® Immediately indicates off speeds as well as tape slippage. 


SECTION MEETING REPORTS 


MID-WINTER MEETINGS 


San Francisco, Monterey Room, Hotel Sir Francis Drake, Decem- 
ber 7, 1960 

Program: Panel Discussion on FM/FM Multiplexing. Moderator 
was R. S. MacCollister, producer of ‘Equipment Report’ Program, 
KPFA Berkeley, KPFK Los Angeles. Panelists were: Al Isberg, 
member, Panel #5, National Stereo Radio Committee, chief engineer, 
Office of Education, University of California; Ed Davis, manager 
KDFC-FM San Francisco, a station now multiplexing; Erwin Gold- 
smith, chief engineer KPFA-FM Berkeley. 

Members of the San Francisco Section were given a different look 
at multiplexing, showing not only the engineering problems, but also 
the economic side of multiplexing. The meeting is reported to have 
been “one of the best and most interesting” held in a long time. 


Rensselaer Polytechnic Institute, Sage Lecture Hall, Troy, New 
York, December 8, 1960 

Program: “Stereo Phonograph Cartridge” by Philip M. Garratt, 
electronics engineer, General Electric Company, Schenectady, New 
York 

Thirty people attended this “extremely fascinating” demonstration 
of stereo speaker systems and oscilloscopes across the output. The 
talk was on a semi-technical level easily understood by all and was 
followed by an invitation to non-members present to join AES. Two 
new members were signed up at this meeting. 


New York City, Mira Sound Studios, 145 West 47 Street, December 
15, 1960 

Program: “Manufacturing of Phonograph Records From Acetate to 
Finished Record” by Alvin Smolin, plant manager, Allied Record 
Manufacturing Company, Belleville, New Jersey 

A large group heard Mr. Smolin discuss the processing of acetate 
from its crude beginning to the recorded final disk. The explanations 
given were an attempt “to familiarize AES engineers with the manu- 
facturing process” as manufacturers know it. The meeting was a 
success and a lively discussion followed. 


San Francisco, Stanford Research Institute, Menlo Park, January 
11, 1961 

Program: “Vega Wireless Microphone—What it is, what it will do 
and how it works’” by Russell Tinkham, accompanied by R. Lang- 
evin and R. Brown, project engineers, all of Vega Electronics Corpor- 
ation. 

Mr. Tinkham covered essentially the same ground as he did in 
the paper which he gave at the Convention last fall. Messrs. Langevin 
and Brown explained the many problems they faced in producing 
the unit. Fifty-three members attended the meeting and there was 
a great deal of interest in the microphone. 


New York City, Olmsted Studios, 80 West 40 Street, January 17, 
1961 

Program: “Multiplex Broadcasting’ by Richard W. Burden, 
Richard W. Burden Associates, Mount Kisco, New York. 

Mr. Burden introduced his subject with a brief explanation of 
the six Multiplex Systems now under consideration by the F.C.C. 

The main portion of his presentation was concerned primarily 
with early tests and concepts of the Halsted “Phantodyne” System. 
Details of the system were illustrated with slides showing block 
diagrams and circuitry. From this point the meeting developed into 
an interesting and active discussion during which the 64 members 
present asked many questions. 

Following the question and answer period, Mr. Burden gave a 
demonstration of the Phantodyne stereo multiplex using excerpts 
from a number of commercially available tapes. These were played in 
the several modes of operation available in the system: Stereo (with 
and without matrix), Left plus Right, Left only and Right only. 


(Continued on Page 174) 
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SOUND TRACK 


MERGER . . . Ampex Corporation has announced that Ampex Audio, Inc. 
and Ampex Professional Products Company will soon be merged. This action 
is said to have been taken as part of the company’s program to recover from 
a $2 million loss during the fiscal quarter ending January 31, 1961. The pur- 
pose of the merger is to consolidate marketing operations. 


REELECTED .. . Hermon H. Scott, AES executive vice president, has been 
reelected chairman of the board of Institute of High Fidelity Manufacturers. 
Walter Stanton, president of Pickering Company and AES governor, left, 
was reelected vice president of THFM. 


HANDBOOK ...A new Mathematical Handbook for Scientists and Engi- 
neers by Dr. Granino Korn, professor of electrical engineering at University 
of Arizona, gives mathematical definitions, theorems and formulae. 


NEW CAREER .. . Former Governor of the Audio Engineering Society, 
Clyde R. Keith, right, was made assistant director of the Department of 
Audio Visuals of the Board of National Missions, United Presbyterian, U.S.A. 
He begins his new church career following his recent retirement after thirty- 
eight years’ service with the research and sound eng.weering staffs of Bell 


Telephone Laboratories. 


3 


4 5 


PEAK PE RERARMANCE 


Why does the art of recording reach its peak in Vienna? 


Because here, in “the home town of music”, artist and engineer work together 
to meet the challenge of Haydn, Mozart and Beethoven — of Vienna’s great 
Symphony, Philharmonic and Staatsoper — and of the world’s most critical 
audience. And because AKG is on this team that makes the truly significant 
advances in the technique and equipment of recording. 


Each AKG microphone from $12 to $900 has gained, from this collaboration, 
a quality that stamps your tapes with the earmark of AKG, Earwitness 
Fidelity. Compare an AKG with any at twice its price — for clarity, sensitivity, 
range, directional discrimination. Whatever your standards and your budget, 
there’s an AKG microphone to bring your recording, broadcasts or PA to 
a peak Of perfection with dollars and dB’s to spare! For catalog and nearest 
dealer write the USA import and service agents — Electronic Applications, 
Inc., Stamford, Connecticut, (203) DAvis 5-1574. 


1, D 11. N Dynamic Cardioid. For amateur tape 
recording. Bass-cut switch. 80-13k cps. 
2.5 mV/*bar. High and low impedance. $27. 


2.0 88 Duplex Dynamic Cardicid. For mono, 
and MS/XY stereo, recording. 80-15k cps. 
0.18 mV/*bar. High and low impedance. $54. 


3. D 19 B Dynamic Cardioid. For semi-pro tape 
recording. Bass-cut switch. 40-16k cps. 
0.18 mV/*bar. High and low impedance. $58. 


4, Dyn 200K Studio Dynamic Omnidirectional. 
For fine studio recordings. Very flat 30-15k 
cps. 0.15 mV/#bar. impedance 200 Ohms. 
$110 

5. C 29 A Condenser, Cardioid-0: 
Miniaturized for TV low-visibility. Very flat 
30-20k cps. 1.3 mV/#bar. Converts 50/200 
Ohms. $379.50. 


Journal of the Audio Engineering Society, April, 1961 
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Do you 
have trouble 
with your pa? 


If you design large public address 
systems, do you have trouble with 
echo, inadequate coverage, areas of 
confusion? Do your customers look 
scathingly at youP Use time delay 
and the Fay-Hall (Haas) effect to 
allow differently located loudspeakers 


. without aural confusion. 


Model 301 Magnetic Tape Time Delay 
Unit is especially helpful in large 
auditoriums with deep balconies, and 
in large halls and ball parks where 
tricky acoustics forces use of auxiliary 
booster speakers in bad areas. 


Used in such well known places as 
Madison Square Garden, United Na- 
tions Plenary Hall, the Calgary and 
Edmonton Auditoriums, Temple 
Beth-El (New York) and the ball 
park in Louisville. 


Write for Catalog Sheet A-301. 


Gi audio instrument co., inc. 


West 14 Street, New York 11, New 


SECTION MEETING REPORTS—MEMBERSHIP INFORMATION 


The meeting then broke into small groups for additional discussion 
of the topic of the evening. 


Hollywood, California, Hollywood Plaza Hotel, January 31, 196] 

Program: “Custom Portable Mixer Units—Mono and Stereo Ver- 
sions” by Oliver Berliner. 

Thirty-eight members of the Los Angeles Section met for dinner 
before this meeting and then were joined by more than forty more to 
listen to Mr. Berliner’s talk. This large turnout found Mr. Berliner’s 
subject absorbing. Instead of having a second speaker, it was de- 
cided to show short motion pictures for the rest of the meeting 
period. “The Big Bounce”’, produced by Pacific Telephone depicting 
the launching of Balloon Satellites was a tremendous success. The 
LA Section heartily recommends that other AES Sections show 
this “short” and others like it at their meetings. 

It was announced that new officers will be installed at the Febru- 
ary meeting. No December meeting was held because of the holidays. 


MEMBERSHIP INFORMATION 


(November, December, January 1960-61) 


Fellows 


Brettell, George A—Redwood City, California 
McKnight, John G.—Palo Alto, California 
Moreland, W. J.—West Covina, California 
Villchur, Edgar M.—Woodstock, New York 
Wiegand, Daniel H.—Gardena, California 


Honorary Members 


Kornei, Dr. Otto W.—Yorktown Heights, New York 
Rosza, Miklos—Hollywood, California 
Wetzel, Dr. W. W.—St. Paul, Minnesota 


NEW MEMBERS 
Members 


Baker, Robert L.—Palo Alto, California 
Beyer, Fred R.—Heilbronn/Neckar, Germany 
Clark, Donald B.—Granada Hills, California 
Fury, Arthur E—New York, New York 
Hanson, Edward R.—Hicksville, L. 1., New York 
Hayashi, Naotake—Tokyo, Japan 

Hecht, William—Belleville, New Jersey 
Johnson, J. Leland—Soddy, Tennessee 
Lakata, John W.—Union City, New Jersey 
Mikkelsen, M. I.—Lyngby, Denmark 

Osman, Abdel Karim—Khartoum, Sudan 
Pear Jr., Charles B—Silver Spring, Maryland 
Powers, Donald W.—New York, New York 
Rasmussen, Harry E.—Tulsa, Oklahoma 

Ring, Otto—Hellerup, Denmark 

Schiller, Elaine—Brooklyn, New York 
Schott, Wayne M.—Oak Park, Illinois 
Schwartz, Arnold—White Plains, New York 
Tappan, Peter W.—Chicago, Illinois 

Wetzler, Harvey J—Far Rockaway, New York 
Williams, David A—NMichigan City, Indiana 
Woram, John M.—New York, New York 


Associate Members 


Benedict, Miles K.—San Francisco, California 
Coleman Jr., Ralph G.—Rochester, New York 
Dencker, G. Christian—Evanston, Illinois 
Fischer, Daniel C-—Washington, D. C. 

Gainsley, James D.—Minneapolis, Minnesota 
Gediman, Alan—Los Angeles, California 

Hayes, Marion D.—APO New York, New York 
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Hutchinson, Edward C.—Kent, Ohio 


Ission 
Moffett, Paul D.—Indianapolis, Indiana 
Muirhead, David—New York, New York 9 
196] Rockwell, William Dwight—Brooklyn, New York 
Ver- Somich, James—Garfield Heights, Ohio a S 
Van Lenten, Bertron P.—Boonton, New Jersey 
inner 
re to Student Members 
iner’s 
; de- Bourgeois Jr., Vergis—Baton Rouge, Louisiana 
eting 5 Bradford, Phillip—Baton Rouge, Louisiana . 
cting | Carrick, David—Highland Park, Michigan ~ 
The Christner, Courtland C._—West Lafayette, Indiana | r Sl ua 
howe Cousin, Edwin F.—Slidell, Louisiana bd 
Erbel, Don H.—Bay City, Michigan 
bru- Jamiolkowski, Leonard—Troy, New York . : ik 
lays James, Andrew J.—Baton Rouge, Louisiana =. No, NO! We don’t mean that. We're 
he Kalbfleisch, Albert C —Riverdale, Maryland talking about the residual IM (leakage) in your 
« King, Isaac—Baton Rouge, Louisiana IM meter. If your meter is anything except an AI, 
| Love, Bobby H.—Baton Rouge, Louisiana the residual is probably 0.2 to 0.5%. But a high 
| Qehler, Gordon C.—Warren, Ohio quality amplifier itself should have less than 
Scott, Alton—Baton Rouge, Louisiana 0.25% at normal listening levels. Are you meas- 
Williams, Freddie M.—Baton Rouge, Louisiana uring your amplifiers or are you measuring the 
Wire, John J.—West Lafayette, Indiana imperfections of your meter? 
Here’s how you can tell: Connect the signal 
CHANGE OF GRADE generator output of your meter directly to the 
; : input terminals of its analyzer section, then 
A te to Memb measure the IM. Don't connect any amplifiers 
= J P in at all. If you get a reading of over 0.05%, 
Cohen, George C.—Rego astad be a reach for your requisition pad and order an ai 
Klumpen, Ronald D.—Queens Village, New Yor Mcdel 168 or 168D. 
Student to Member 
Kelleher, Michael F.—Fort Wayne, Indiana re | | 
intermodulation meters have six delicious features. 
> compact—on 834” x 19” panel 
Student to Associate wide low frequency range—40 to 200 or 400 cps 
' i Sas J ide high frequency range—2000 to 20,000 
Arnow, Peter L—Morristown, New Jersey he . ; cps 
Malme, Charles I—Cambridge, Massachusetts 2 geek gy pod _ 10, 30 
Newcombe, C. Bishop—Yerington, Nevada 100 volts, full ovate Been ae 
Raymond, Geoffrey H.—Kenilworth, Illinois low price : 
Schmidt, David R.—San Diego, California ; ; 
Shelmidine Jr., Hollis C—Alden, New York —_ A -_ as —— eee a: 
, iets eae ’ miral, Ampro, Arvin, Blonder-Tongue, Boeing, 
| Voss, Robert M.—New York, New York Bogen, Fairchild, GE, Hazeltine, Langevin, Low- 
rey Organ, Marantz, N. V. Philips, Radio Crafts- 
DECEASED MEMBERS men, RCA, Rock-Ola, Seeburg, Sonotone, Stan- 
? a ‘ cor, Stromberg Carlson, Warwick and leading 
Beyer, Eugen—Heilbronn/Neckar, Germany recording organizations like RCA and Capitol. 
Mills, Lt. Col. Morris H——Chevy Chase, Maryland 
i DO YOU KNOW ABOUT OUR NEW MODEL 168D? 
The July issue of the Journal will carry four outstanding 
papers on Architectural Acoustics. These articles will 
appear in addition to the usual variety of important . 
* > 
papers on all aspects of audio engineering. Also fea- Write for new Catalog A-4 a. 
tured will be a report on the West Coast Spring Con- # * 
vention. = 
| a 
: audio inst ument co sul inc. e 7 
135 West 14 Street, New York 11, New York 9 
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YOU'RE “IN 
THE CONCERT 
HALL” WITH 


Add dramatic new realism 
to your recorded music 


With dramatic Koss Stereophones, you'll 
thrill to new worlds of stereo sound 
reproduction. Your records or tapes sound 
just as if you had an orchestra seat in 
Carnegie Hall. Through these comfortable 
Stereophones, you hear music as perfectly 
as it can be recorded. Add personalized 
listening and sound perfection to your high 
fidelity stereo installation. $24.95. 


If you use headphones 
you will want to try 

KOSS STEREOPHONES ... 
the most remarkable set 
of headphones since radio 
was invented! 


What makes them so good? 


The fact that they combine 
all features one seeks in 

a headset . . . wide range 
frequency response 

(30 to 15,000 cycles) 

and comfort. The fatigue 
factor is negligible due 

to spun plastic ear 
cushions and headband. 


For stereo they are great... 
for monaural they are perfect. 


KOSS STEREOPHONES 


For any application where 
true sound is required 
KOSS STEREOPHONES are ideal. 


You will find KOSS STEREOPHONES 
at leading audio equipment 
dealers or write directly. 


“MOST COMPLETE SOURCE FOR 
THE PROFESSIONAL TRADE! 


a ¥. ow 


Now rvailable 


the NEW PR-10 SERIES 


PROFESSIONAL 
STEREO or 
MONOPHONIC 
RECORDER 


Portable or to fit rack 
19” wide by 14” high 


PULTEC 
PROGRAM EQUALIZERS 
SOUND EFFECTS FILTERS 


LOW PRICED 


STEREO CONVERSION KITS 


NOW AVAILABLE 
For Monaural 350 and 351 


write for quotations 


poco cc conn 


AMPEX 


Llange Stock 354 STEREO RECORDER 
MX 35 MIXER 


new professional catalog A-61 on request 


COURTEOUS CONSULTATION ¢ ENGINEERING SERVICE « COMPLETE PARTS SUPPLY ACCESSORIES 


SONOCRAFT CORPORATIO 


\----— { 
| TRADE-INS | 
| ACCEPTED | 
ES 


115 West 45th St., New York 36, N.Y. 
Third Floor * JUdson 2-1750 
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